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TCA3386 Feature Telephone Set Integrated Circuit ........ 0.00 cece eee eee eeee 2-671 
TCA3388 Speech: CUCU cue eaeaer ena ane se ees eee. s 2-672 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


1-5 


A SELECTION GUIDE 


Device 
-Number 


CORDLESS PHONES 


MC2831A 
MC2833 
MC3356 
MC3357 
MC3359 
MC3361 
MC3362 
MC3363 
MC3367 
MC12000 Series 
MC13010 
MC34010 
MC34011A 
MC34012-1, -2, -3 
MC34013A 
MC34014 
MC34017 
MC34018 
MC34114 
MC34115 
MC34118 
MC34119 
MC145026, 7, 8 
MC145030 
MC145151-2 Series 
MC145160, 66, 67 
MC145412 
MC145413 
MC145416 
MC145512 
MC145610 
TCA3381 
TCA3382, A, B 
TCA3383A, B 
TCA3385 
TCA3386 
TCA3388 


TRANSMISSION 


MC142103 
MC145432 
MC145433 
MC145439 
MC145532 


Page 

Function Number 
Low Power FM Transmitter System .....0... 00: cece eee eee eee — 2-15 
Low Power FM Transmitter System Saas aa a aAla pote Oke emne 2-18 
Wideband FSK Receiver ...............:. CMG heot esta grenades 2-21 
Low Power FM IF........... S sgatapic aaa aala ads Av at-dshecat de ude die alias Benen eos 2-27 
High Gain Low Power FM IF ..............2000055 See ee eee, 2-31 
Low Voltage Narrow Band FM IF .......... seve a edie Bahan anid Ge aro 2-37 
Low Power Dual Conversion FM Receiver ..........c00eeeeeeeeees 2-44 
Low Power Dual Conversion FM Receiver ............ Sverre rey — 2-49 
Low Power Single Conversion FM Receiver ..........00ceceeeeeeee 2-56 
Prescalersr i. c'cu isa vias etehousiear teed ds ce Uptettacad Rueaes DL122/D 
TV Parallel Sound IF and AFT ......... 0.0. cece eee eee eens DL128/D 
Electronic Telephone Circuit (MCU Interface) ........... ie ais etna 2-225 
Electronic Telephone Circuit ............000ce cece neces ee 2-249 
Telephone Tone Ringer ..........ccce eee c cence eet e tenet eennnes 2-270 
Speech Network and Tone Dialer ............ fe els ano ane terasa uae a i ana bea ' 2-278 
Telephone Speech Network with Dialer Interface ................. 1. 2293 
Telephone Tone Ringer ......... 000 cece eee ee ete eee eee eens _ 2-310 
Voice Switched Speakerphone Circuit ............ LAR eae s 2-318 
Telephone Speech Network with Dialer Interface’.......... soe wealayt ane 2-332 
CVSD Modulator/Demodulator (3-Bit Algorithm) .... . ‘weapon Serer 2-350 — 
Voice Switched Speakerphone Circuit Pada aera Ge 2 Sc aids tate Adda Ad dd 2-365 
Low Power Audio Amplifier ............0..0000. Se ee ee ere 2-385 
Programmable Encoder/Decoders ..........-..+++5: iyi airbase DL130/D 
Remote Control Encoder/Decoder ............... Bictaeattte wld on 4 MC145030/D 
PLL Frequency Synthesizers ............- Sede abe ceaace oes tae MC145151-2/D 
Dual PLL for 46/49 MHz Cordless Phones .............. sae ainee MC145160/D 
Pulse/Tone Repertory Dialer with 10 Number Memory ............... 2-443 
Pulse/Tone Repertory Dialer with 10 Number Memory ..............- 2-443 
Tone/Pulse Repertory Dialer with Flash ............. ia) site ood ates 2-462 
Pulse/Tone Repertory Dialer with 10 Number Memory ............... 2-443 
Pulse Tone Dialer with Last Number Redial ..............00ece cues 2-642 
Ring Signal Impedance Matching and Protection Circuit ............. 2-644 
Ring Detection and Loudspeaker Amplifier Circuit § orga Aca patina due enneters 2-648 
Telephone Set Transmission Circuit ... 2.2.0.6... cee ee eee 2-659 
Telephone Ring Signal Converter ...........cc cece eee e eect eeeeee 2-670 
Feature Telephone Set Integrated Circuit ...........002c cece eeees 2-671 
Speech Circuit .i6 i .ceees eiawe sea tieis oes ee ee ere re 2-672 
HDB3 Encoder/Decoder (Transcoder) ...........00cc cece eee eeees 2-545 
Notch/Band-Pass 2600 Hz Tone Signalling Filter ...... mica esMiate Sees tee 2-528 
Tunable Notch/Band-Pass Filter ....... 0.260 e cece eee e eee e eee 2-534 
B8ZS/HDB3 Encoder/Decoder (Transcoder) ..........00eeceeeeeee 2-545 
Full Duplex ADPCM Transcoder ..........00 cee een cence eeeerees 2-612 
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SELECTION GUIDE 


Device 
Number 


RF MODEMS 


MC1374 
MC1496 
MC1648 
MC3356 
MC3357 
MC3359 
MC3361 
MC3362 
MC12000 Series 
MC13010 
MC13055 
MC14489 
MC145026, 7, 8 
MC145030 
MC145151-2 Series 


DISCRETE DEVICES 


MFOD1100 
MFOE1200 
MJE270 
MJE271 
MPSA42/43 
MPS6717 
1N6274 
4N25 
4N35/36/37 


MPU/MCU 


M6800 Family 
M6801 Family 


M6804/M68HC04 Family 
M6805/M68HC05 Family 


M6809 Family 
M68HC11 Family 
M68000 Family 


SIGNAL PROCESSING 


DSP56001 
DSP56200 


Page 
Function Number 
TV Modulator Circuit 23.0.2 shin 5 bai ee eee St ea a Siaween DL128/D 
Balance Modulator/Demodulator ...........0000c eeu eeannes DL128/D 
Voltage-Controlled Oscillator ...........00 cece eee e eee eaee DL122/D 
Wideband FSK Receiver .....-::::::::::2::2:e2:eererese:: 227 
Low Power ENEIP: «cs024 caves e ew aw oeska ae eee eae eae 2-27 
High Gain Low Power FM IF ........... 200 e eee e eee eens 2-31 
Low Voltage Narrow Band FM IF ...........00 cece eee eens 2-37 
Low Power Dual Conversion FM Receiver ..........0ee000eeees 2-44 
PIOSCAICIS ©. oa, 6.x. aer diva & heen Sate ce acme acne wd Wee oe ae aie aoe DL122/D 
TV Parallel Sound IF and AFT ......... 0c cece ence ener e eee DL128/D 
Wideband FSK Receiver ......... 00 ccc een e ee eee ence arenes 2-133 
Multi-Character LED Display/Lamp Driver ............000005 MC14489/D 
Programmable Encoder/Decoders .........000 eee eeeeeeeeaee DL130/D 
Remote Control Encoder/Decoder .............000000e2ees MC145030/D 


PLL Frequency Synthesizers .........0.0cee ee eneeneee 


Pin Photo Diode for Fiber Optic Systems .............00e000: DL118/D 
High Power AlGaAs LED Fiber Optic Emitter ................. DL118/D 
NPN Power Transistor ........ 00.0 cee e ete eee tent eens 2-679 
PNP Power Transistor ..........0 0 ccc eee e cee e eee et eennes 2-679 
NPN 300 V/200 V TO-92 Transistor ....... 00: eee cece eee eee DL126/D 
NPN 1 Watt Amplifier Transistor .........0.... 0.0: e eee eee 2-681 
MO-sorb Zener Overvoltage Suppressor ..........eeeeeeeenes DL125/D 
ODIGCOUDIG! 545-45 cet cea ee eae ee ee ae on DL118/D 
ODtOisOlbIOl” cae be hawt eee eee ease ae) seat een 2-682 
MIGKODIOCOSSOIS 660 ora ard. gin didi aucda aoe BRE See awd DL139/D 
Microcontrollers ...... 0.00 cece cece ete eee eee nen ntees DL139/D 
MICrocOntiollels:.y 6. 6i.ns0c0eiatwaatt «ain a kine ee beat ease ae DL139/D 
MiCrOCONTIONGRS «ike sraiee bak Hae eek Aes eae be eee tees DL139/D 
MICKOCONIIOIONS: éaxeaiwedkhuteedne bis teuns aes etaneaaets DL139/D 
MICFOCONTIONOIS: 4-0 eiernyie sek a, 6 Se ada ES Ie eee a oe DL139/D 
MICIOPIOCESSOINS 2h stints eden cree oie naa ames FR68K/D 
56-Bit General Purpose Digital Signal Processor ............ DSP56001/D 
Cascadable-Adaptive Finite-Impulse-Response (CAFIR) 

Digttal-Filter- Chip: sdfaaecssudes ca ctu towns enue awd DSP56200/D 
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MOTOROLA 


a SEMICONDUCTOR 
TECHNICAL DATA 


MC1488 


QUAD MDTL LINE DRIVER 
RS-232C 
QUAD LINE DRIVER SILICON MONOLITHIC 


a ; ; . ; INTEGRATED CIRCUIT 
The MC1488 is a monolithic quad line driver designed to inter- 


face data terminal equipment with data communications equipment 
in conformance with the specifications of E1IA Standard No. RS-232C. 


Features: 


® Current Limited Output 
+10 mA typ 


Power-Off Source Impedance 
P SUFFIX 
300 Ohms min remeies 


CERAMIC PACKAGE PLASTIC PACKAGE 
@ Simple Slew Rate Control with External Capacitor CASE 632-08 CASE 646-06 


: : D SUFFIX 
Flexible Operating Supply Range PLASTIC PACKAGE 
Compatible with All Motorola MDTL and MTTL Logic Families CASE 751A-02 14 <i 
(SO-14) ats 
PIN CONNECTIONS 


TYPICAL APPLICATION 


LINE DRIVER INTERCONNECTING LINE RECEIVER 
MC 1488 CABLE MC 1489 


r--,* a a 
— 


1 on a 


INTERCONNECTING | 
MDTL LOGIC INPUT —— CABLE  —B=-f—H—— MDTL LOGIC OUTPUT 


CIRCUIT SCHEMATIC 
(1/4 OF CIRCUIT: SHOWN) 


Vcc 140 
PINS 4,9, 12 OR 2 
INPUT 


INPUT 
PINS 5, 10, 13 


OUTPUT 
PINS 6,8, 11 OR 3 


MDTL and MTTL are trademarks of Motorola Inc. 
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MC1488 


MAXIMUM RATINGS (Ta = + 25°C unless otherwise noted.) 


Input Voltage Range 


Output Signal Voltage 


Power Derating (Package Limitation, Ceramic 
_. and Plastic Dual-in-Line Package) 
| - Derate above Ta = +25°C 


Operating Ambient Temperature Range 
Storage Temperature Range —65 to +175 


_ Characteristic | 
Input Current — Low Logic State (Viz = 0) 
Input-Current — High Logic State (Vjy = 5.0 V) 


Output Voltage — High Logic State 
(Vi_ = 0.8 Vde, RL = 3.0 kQ, Voc = +9.0 Vde, Veg = —9.0 Vdc) 
(ViL = 0.8 Vde, RL = 3.0 kQ, Vcc = +13.2 Vde, Veg = — 13.2 Vdc) 
Output Voltage — Low Logic State te 
(Vi = 1.9 Vde, RL = 3.0kO, Voc = +9.0 Vdc, Veg = —9.0 Vdc) 
(ViH_ = 1.9 Vde, Ry = 3.0k9, Vcc = +13.2 Vde, Veg = — 13.2 Vdc) 


Positive Supply Current (Rj = <) 
(ViH_ = 1.9 Vde, Vcc = +9.0 Vdc) 
(Vi_ = 0.8 Vdc, Voc = +9.0 Vdc) 
(ViH. = 1.9 Vde, Vcc = +12 Vdc) 

(Vit = 0.8 Vde, Vcc = +.12 Vdc) 

(ViH = 1.9 Vde, Vcc = +15 Vdc) 


(Vi__ = 0.8 Vdc, Vcc = +15 Vdc) 


Negative Supply Current (Ri = =) 

~ (Vi = 1.9 Vde, Veg = —9.0 Vdc) 
(Vi = 0.8 Vdc, Veg = —9.0 Vdc) 
(Vi = 1.9 Vdc, Veg = —12 Vdc) 
(Vi__ = 0.8 Vde, Veg = —12 Vdc) 
(Vi = 1.9 Vdc, Veg = — 15 Vdc) 
(Vi_ = 0.8 Vdc, Veg = —15 Vdc) 


Power Consumption 
(Vcc = 9.0 Vdc, Veg = —9.0 Vdc) 
(Vcc = 12 Vde, Veg = —12 Vdc) 


SWITCHING CHARACTERISTICS (Vcc = +9.0 +1% Vdc, Veg = -—9.0 +1% Vdc, Ta = +25°C.) 
Propagation Delay Time (z; = 3.0 k and 15 pF) 
Fall Time (z} = 3.0 k and 15 pF) 


Propagation Delay Time (zj = 3.0 k and 15 pF) 
Rise Time (z} = 3.0 k and 15 pF) 


(1) Maximum Package Power Dissipation may be exceeded if all outputs are shorted simultaneously. 
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MC1488 


CHARACTERISTIC DEFINITIONS 


FIGURE 1 — INPUT CURRENT FIGURE 2 — OUTPUT VOLTAGE 
+*9V -9V +9V -9V 


Oe ee 


f ffs 


FIGURE 3 — OUTPUT SHORT-CIRCUIT CURRENT FIGURE 4 — OUTPUT RESISTANCE (POWER-OFF) 


oe 


|e 


Vcc VEE 


Vo 
+2 Vdc 
+ 6.6 mA Max 
FIGURE 5 — POWER-SUPPLY CURRENTS FIGURE 6 — SWITCHING RESPONSE 
Vcc 
8in Vo 


(TLH 
tTHL and tTLH Measured 10% to 90% 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA | 


2-5 


MC1488 


TYPICAL CHARACTERISTICS 
(Ta = +25°C unless otherwise noted.) 


FIGURE 7 — TRANSFER CHARACTERISTICS FIGURE 8 — SHORT-CIRCUIT OUTPUT CURRENT 
versus POWER-SUPPLY VOLTAGE versus TEMPERATURE 


+12 , 
poe ret 
+ 

a a 
Fe SO DS A 
aE vee ee 8 | 


Vg, OUTPUT VOLTAGE (VOLTS) 
Isc, SHORT-CIRCUIT OUTPUT CURRENT (mA) 


0 0.2 04 06 0.8 1.0 1.2 1.4 1.6 1.8 2.0 “ 
Vin, INPUT VOLTAGE (VOLTS) T, TEMPERATURE (°C) 


FIGURE 9 — OUTPUT SLEW RATE | FIGURE 10 — OUTPUT VOLTAGE 
versus LOAD CAPACITANCE AND CURRENT-LIMITING CHARACTERISTICS 
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FIGURE 11 — MAXIMUM OPERATING TEMPERATURE 
versus POWER-SUPPLY VOLTAGE 


Vcc. VEE, POWER SUPPLY VOLTAGE (VOLTS) 


--55 0 +25 +75 +125 
T, TEMPERATURE (°C) 
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MC1488 


APPLICATIONS INFORMATION 


The Electronic Industries Association (EIA) RS232C specification 
detail the requirements for the interface between data processing 
equipment and data communications equipment. This standard 
specifies not only the number and type of interface leads, but also the 
voltage levels to be used. The MC1488 quad driver and its companion 
circuit, the MC1489 quad receiver, provide a complete interface system 
between DTL or TTL logic levels and the RS232C defined levels. The 
RS232C requirements as applied to drivers are discussed herein. 


The required driver voltages are defined as between 5 and 15- 
volts in magnitude and are positive for a logic ‘0’ and negative for 
a logic ‘‘1’’. These voltages are so defined when the drivers are 
terminated with a 3000 to 7000-ohm resistor. The MC1488 meets 
this voltage requirement by converting a DTL/TTL logic level into 
RS232C levels with one stage of inversion. 

The RS232C specification further requires that during transi- 
tions, the driver output slew rate must not exceed 30 volts per 
microsecond. The inherent slew rate of the MC 1488 is much too 


FIGURE 12 — SLEW RATE versus CAPACITANCE 
FOR Isc = 10 mA 


1000 


SLEW RATE (VOLTS/us) 
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a 
10 Ett in 


1.0 100 1000 10.000 
C, CAPACITANCE (pF) 


fast for this requirement. The current limited output of the device 
can be used to control this slew rate by connecting a capacitor to 
each driver output. The required capacitor can be easily determined 
by using the relationship C = los x AT/AV from which Figure 12 is 
derived. Accordingly, a 330-pF capacitor on each output will 
guarantee a worst case slew rate of 30 volts per microsecond. 

The interface driver is also required to withstand an accidental 
short to any other conductor in an interconnecting cable. The worst 
possible signal on any conductor would be another driver using a 
plus or minus 15-volt, 500-mA source. The MC 1488 is designed to 
indefinitely withstand such a short to all four outputs in a package 
as long as the power-supply voltages are greater than 9.0 volts (i.e., 
Vcc >9.0 V; VeE<-9.0 V). In some power-supply designs, a loss 
of system power causes a low impedance on the power-supply out- 
puts. When this occurs, a !ow impedance to ground would exist at 
the power inputs to the MC 1488 effectively shorting the 300-ohm 
Output resistors to ground. If all four outputs were then shorted 
to plus or minus 15 volts, the power dissipation in these resistors 


FIGURE 13 — POWER-SUPPLY PROTECTION 
TO MEET POWER-OFF FAULT CONDITIONS 


would be excessive. Therefore, if the system is designed to permit 
low impedances to ground at the power-supplies of the drivers, a 
diode should be placed in each power-supply lead to prevent over- 
heating in this fault condition. These two diodes, as shown in 
Figure 13, could be used to decouple all the driver packages in a 
system. (These same diodes will allow the MC1488 to withstand 
momentary shorts to the +25-volt limits specified in the earlier 
Standard RS232B.) The addition of the diodes also permits the 
MC1488 to withstand faults with power-supplies of less than the 
9.0 volts stated above. 

The maximum short-circuit current allowable under fault con- 
ditions is more than guaranteed by the previously mentioned 
10 mA output current limiting. 


Other Applications 


The MC1488 is an extremely versatile line driver with a myriad 
of possible applications. Several features of the drivers enhance 
this versatility: 

1. Output Current Limiting — this enables the circuit designer 
to define the output voltage levels independent of power-supplies 
and can be accomplished by diode clamping of the output pins. 
Figure 14 shows the MC1488 used as a DTL to MOS translator 
where the high-level voltage output is clamped one diode above 
ground. The resistor divider shown is used to reduce the output 
voltage below the 300 mV above ground MOS input level limit. 


2. Power-Supply Range — as can be seen from the schematic 
drawing of the drivers, the positive and negative driving elements 
of the device are essentially independent and do not require match- 
ing power-supplies. !n fact, the positive supply can vary from a 
minimum seven volts (required for driving the negative pulldown 
section) to the maximum specified 15 volts. The negative supply 
can vary from approximately -2.5 volts to the minimum specified 
-15 volts. The MC 1488 will drive the output to within 2 volts of 
the positive or negative supplies as long as the current output limits 
are not exceeded. The combination of the current-limiting and 
supply-voltage features allow a wide combination of possible out- 
puts within the same quad package. Thus if only a portion of the 
four drivers are used for driving RS232C lines, the remainder could 
be used for DTL to MOS or even DTL to DTL translation. Figure 15 
shows one such combination. 
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MC1488 


FIGURE 14 — MDTL/MTTL-TO-MOS TRANSLATOR 


HI2V 

1/4 MC1488 
oe MOS OUTPUT _ 
INPUT (WITH Vss = GND) 


-12V 


-12V 


FIGURE 15 — LOGIC TRANSLATOR APPLICATIONS 


MOTL MRTL OUTPUT 
INPUT 0.7 V to #3.7 V 
MDTL 
NAND MDTL OUTPUT 
GATE 0.7 V to +5.7 V 
INPUT 
He MHTL OUTPUT 
Noure 0.7 V t0 10V 
ee MOS OUTPUT 
10 V to 0V 
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MOTOROLA 7 
=a SEMICONDUCTOR ox 
TECHNICAL DATA 
MC1489 


MC1489A 


QUAD MDTL 
QUAD LINE aa LINE RECEIVERS 


RS-232C 


SILICON MONOLITHIC 


The MC1489 monolithic quad line receivers are designed to inter- 
INTEGRATED CIRCUIT 


face data terminal equipment with data communications equipment 
in conformance with the specifications of EIA Standard No. RS-232C. 


Input Resistance — 3.0 k to 7.0 kilohms 
Input Signal Range — + 30 Volts 
Input Threshold Hysteresis Built In 


Response Control L SUFFIX P SUFFIX 
Logic Threshold Shifti 
a) Logic Threshold Shifting CERAMIC PACKAGE — PLASTIC PACKAGE 
b) Input Noise Filtering CASE 632-08 CASE 646-06 


D SUFFIX 
PLASTIC PACKAGE 
CASE 751A-02 
(SO-14) 


TYPICAL APPLICATION 


LINE DRIVER LINE RECEIVER 
MC 1488 INTERCONNECTING MC 1483 Response 
a. oper fy Control A 


p- Response . 
Output A 
-L _7 4+ ._7 e Control D 


| | Response 


| | Control B 
INTERCONNECTING 


MDTL LOGIC INPUT —wfwe— = CABLE = —#™}e—— MOTL LOGIC OUTPUT 


RESPONSE CONTROL 2 O O 30UTPUT 


6.7 kO 1.6 kO O 7GROUND 


MDTL and MTTL are trademarks of Motorola Inc. 
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MC1489, MC1489A 


MAXIMUM RATINGS (Ta = +25°C unless otherwise noted) 


Output Load Current 


Power Dissipation (Package Limitation, Ceramic 
and Plastic Dual In-Line Package) : 
Derate above Ta = +25°C 


Operating Ambient Temperature Range et eee 
Storage Temperature Range . —65.to +175 =e 


ELECTRICAL CHARACTERISTICS (Response control pin is open. ) (Vcc = +5.0 Vde + 10%, Ta = 0 to +75°C unless 
otherwise noted) 


Characteristics 


Positive Input Current (Vi, = +25 Vdc) 
. (Vi = +3.0 Vdc) 


Negative Input Current (Vit = —25 Vdc) 
(Vi_ = —3.0 Vdc) 


Input Turn-On Threshold Voltage 
(Ta = +25°C, VoL < 0.45 V) MC1489 
| MC1489A 


input Turn-Off Threshold Voltage | 
(Ta = +25°C, Von = 2.5V, IL = -0.5mA) MC1489 
| MC1489A 


(Vin = 0.75 V, IL = —0.5 mA) 
(Input Open Circuit, || = —0.5 mA) 


Output Voltage High 


Output Voltage Low (Vi_ = 3.0 V, IL = 10 mA) 


| Output Short-Circuit Current | tos | | 30 | 40 | ma | 
Power Supply Current (All Gates “on,” lout = 0 MA, Vi, = +5.0 Vdc) | ice | —- | 16 | | mA 
Win=+50Vdo | Pc | ~ | a | 130 | mw _| 
SWITCHING CHARACTERISTICS (Vcc = 5.0 Vdc +1%, Ta = +25°C, See Figure 1.) | 
Propagation Delay Time (Ru = 3.9 kQ) | teu | — | 2 | 98 | ns | 
Rise Time | (Ru = 3.9 kn) | tn | = [| 120 | 175 | ons | 
| Propagation Delay Time (Ri = 390 kQ) | tee | — | 2 | 50 | ns | 


TEST CIRCUITS 


| Power Consumption 


FIGURE 1 — SWITCHING RESPONSE FIGURE 2 — RESPONSE CONTROL NODE 


+5 Vde 


= | VR 


All diodes 
1N3064 
or equiv 


Ein Ey 


‘ae pai 


1/4 
MC1489A 


RESPONSE NODE 


(TLH and tTHL Vin 
measured 
10% - 90° 


C, capacitor is for noise filtering. 
R, resistor is for threshold shifting. 


Ci = 15 pF = total parasitic capacitance, which includes 
probe and wiring capacitances 
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MC1489, MC1489A 


TYPICAL CHARACTERISTICS 


5.0 Vdc, Ta = +25°C unless otherwise noted) 


(Vcc 


FIGURE 3 — INPUT CURRENT 


FIGURE 4 — MC1489 INPUT THRESHOLD 
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VOLTAGE ADJUSTMENT 
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FIGURE 6 — INPUT THRESHOLD VOLTAGE 
versus TEMPERATURE 


oS 
wo 


NN ON nel ce cel oe od Cooaond 


—) 


E ttt tH | | | iG 


a odes Utd. | 
res 42 1 
Ge ee ie a © 
oo fc @e a 
wo wo z oe 


VOLTAGE ADJUSTMENT 


FIGURE 5 — MC1489A INPUT THRESHOLD 
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FIGURE 7 — INPUT THRESHOLD versus 
POWER-SUPPLY VOLTAGE 
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MC1489, MC1489A 


APPLICATIONS INFORMATION 


General Information 
The Electronic Industries Association (EIA) has released 


_the RS-232C specification detailing the requirements for 


Ein. AMPLITUDE (VOLTS) 


the interface between data processing equipment and 
data communications equipment. This standard speci- 
fies not only the number and type of interface leads, 
but also the voltage levels to be used. The MC1488 quad 
driver and its companion circuit, the MC1489 quad re- 
ceiver, provide a complete interface system between 
DTL or TTL logic levels and the RS-232C defined levels. 
The RS-232C requirements as applied to receivers are 
discussed herein. 

The required input impedance i is defined as 5 Between 
3000 ohms and 7000 ohms for input voltages between 
3.0 and 25 volts in magnitude; and any voltage on the 
receiver input in an open circuit condition must be less 
than 2.0 volts in magnitude. The MC1489 circuits meet 
these requirements with a maximum open circuit volt- 
age of one Vpe. | 

The receiver shall detect a voltage between — 3.0 and 
— 25 volts as a Logic 1” and inputs between +3.0 and 
+25 volts as a Logic ‘0.’ On some interchange leads, 
an open circuit of power “OFF” condition (300 ohms or 
more to ground) shall be decoded as an “OFF” condition 
or Logic “1.” For this reason, the input hysteresis 
thresholds of the MC1489 circuits are all above ground. 
Thus an open or grounded input will cause the same 
output as a negative or Logic “1” input. 


Device Characteristics 


The MC1489 interface receivers have fnnenal feedback 
from the second stage to,the input stage providing input 


FIGURE 8 — TYPICAL TURN-ON THRESHOLD versus 
CAPACITANCE FROM RESPONSE CONTROL PIN TO GND 
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Ein. AMPLITUDE (VOLTS) 


hysteresis for noise rejection. The MC1489 input has 
typical turn-on voltage of 1.25 volts and turn-off of 1.0 
volt for a typical hysteresis of 250 mV. The MC1489A 
has typical turn-on of 1.95 volts and turn-off of 0.8 volt 
for typically 1.15 volts of hysteresis. 

- Each receiver section has an external response con- 
trol node in addition to the input and output pins, 
thereby allowing the designer to vary the input thresh- 
old voltage levels. A resistor can be connected between 
this node and an external power-supply. Figures 2, 4 
and 5 illustrate the input threshold voltage shift possible 
through this technique. 

This response node can also be used for the filtering 
of high-frequency, high-energy noise pulses. Figures 8 
and 9 show typical noise-pulse rejection for external 
capacitors of various sizes. 

These two operations on the response node can be 
combined or used individually for many combinations 
of interfacing applications. The MC1489 circuits are par- 
ticularly useful for interfacing between MOS circuits and 
MDTL/MTTL logic systems. In this application, the input 
threshold voltages are adjusted (with the appropriate 
supply and resistor values) to fall in the center of the 
MOS voltage logic levels. (See Figure 10) 

The response node may also be used as the receiver 
input as long as the designer realizes that he may not 
drive this node with a low impedance source to a volt- 
age greater than one diode above ground or less than 
one diode below ground. This feature is demonstrated 
in Figure 11 where two receivers are slaved to the same 
line that must still meet the RS-232C impedance 
requirement. . 


FIGURE 9 — TYPICAL TURN-ON THRESHOLD versus 
CAPACITANCE FROM RESPONSE CONTROL PIN TO GND 
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APPLICATIONS INFORMATION (continued) 


FIGURE 10 — TYPICAL TRANSLATOR APPLICATION — 
MOS TO DTL OR TTL 
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APPLICATIONS INFORMATION (continued) 
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MOTOROLA 
m= SEMICONDUCTOR ee 
TECHNICAL DATA 


LOW POWER FM TRANSMITTER SYSTEM 
The MC2831A is a one-chip FM transmitter subsystem designed 


for cordless telephone and FM communication equipment. It LOW POWER 


includes a Microphone Amplifier, Pilot Tone Oscillator, Voltage FM TRANSMITTER SYSTEM 
Controlled Oscillator and Battery Monitor. 


e Wide Range of Operating Supply Voltage (3.0 V-8.0 V) 


® Low Drain Current (4.0 mA Typ Full Operation at 
Vcc = 4.0 V) 


@ Battery Checker (290 wA Typ at Vcc = 4.0 V) 
@ Low Number of External Parts Required 


SILICON MONOLITHIC 
INTEGRATED CIRCUIT 


FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM 


P SUFFIX 


PLASTIC PACKAGE 
CASE 648-08 


i 


, 
D SUFFIX 
PLASTIC PACKAGE 
CASE 751B-03 
$O-16 


PIN ASSIGNMENTS 


Reactance 


Variable 
Reactance 
Output 

Decoupling |2| 
Modulator 
Input 


Battery 
Checker 
@ 


Mic Amp 
Input 
Mic Amp 
Output iS) 
Tone 
Switch Bl 
Tone 
Output 


MAXIMUM RATINGS (Ta = 25°C, unless otherwise noted) 
Rating 
Power Supply Voltage 
Operating Supply Voltage Range 
Battery Checker Output Sink Current 


Junction Temperature 


Operating Ambient Temperature Range 


Storage Temperature Range 
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MC2831A 


_ ELECTRICAL CHARACTERISTICS (Vcc1 = 4.0 Vdc, Vcc2 = 4.0 Vdc, Ta = 25°C, unless otherwise noted) 


BATTERY CHECKER = 
“Threshold Voltage (LED Off > On) _ 


Output Saturation Voltage 
(Pin 11 = OV, Pin 10 Sink Current = 5.0 mA) 


MIC AMPLIFIER 


Voltage Gain, Closed Loop 
(Vin = 1.0 mVrms- fin = 1.0 kHz) 


| a 
| 6 | oe | 18 | 
Total Harmonic Distortion aa ee 0.7 Le 
(Vo = 31 MVems: fin = 1.0 kHz) -_ 
fea ey —s 
Se ae 
ae 


PILOT TONE OSCILLATOR (250 LOADING) 


[ouput AF Votape fo = 808) 
oa ee 

Total Harmonic Distortion : io 

(fo = 5.0 kHz, VaF = 150 MVrms) 

Tone Switch Threshold | | 
FM MODULATOR (120.0 LOADING) 

Output RF Voltage (fp = 16.6 MHz) | VRFO | 
Output dc Voltage _ 


Modulation Sensitivity (Note 1) 
(Vin = 1.0V + 0.2 V) 


Maximum Deviation (Note 1) 
(Vin = 0V to +2.0 V) 


RF Frequency Range 


Note 1. Modulation sensitivity and maximum deviation are measured at 49.815 MHz, which is the third harmonic of the crystal frequency. 
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MC2831A 


FIGURE 2 — TEST CIRCUIT 
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FIGURE 3 — SINGLE CHIP FM VHF TRANSMITTER AT 49.7 MHz 
4.7 pH » 16.5667 MHz 
MC2831A 
56 pF 
cam 51 pF 
"100 pF 5.0 pF 
RF Output 
39 pF ier 49.7 MHz 
T 730 pF  - 30 dBm 
= 0.33 pH 0.47 nH 
1.0 . e 
Dynamic » 
Microphone + 
© Vcc = 3.0 V to 8.0 V 
NOTES: 
$1 is a normaily closed push button type switch. Battery checker circuit (Pins 10, 11) is not used in this application. 
The crystal used is fundamental mode, calibrated for parallel resonance All capacitors in. microfarads, inductors in Henries and resistors in 
with a 32 pF load. The 49.7 MHz output is generated in the output buffer, Ohms, unless otherwise specified. 


which generates useful harmonics to 60 MHz. 


The network on the output at Pin 14 provides output tuning and imped- 
ance matching to 50 © at 49.7 MHz. Harmonics are suppressed by more 
than 25 dB. 
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MCTOROLA 


a SEMICONDUCTOR 
TECHNICAL DATA 


MC2833, 


LOW POWER 
FM TRANSMITTER 
SYSTEM 


LOW POWER FM TRANSMITTER SYSTEM 


MC2833 is a one-chip FM transmitter subsystem designed for 
cordless telephone and FM communication equipment. It includes 
a microphone amplifier, voltage controlled oscillator and two aux- 
iliary transistors. -— 


@ Wide Range of Operating Supply Voltage (2.8-9.0 V) 

@ Low Drain Current (Icc¢ = 2.9 mA Typ) 

@ Low Number of External Parts Required — 

@ —30 dBm Power Output to 60 MHz Using Direct RF Output 


@ +10 dBm Power Output Attainable Using On-Chip Transistor 
Amplifiers 


a. 


1 


P SUFFIX D SUFFIX 
PLASTIC PACKAGE PLASTIC PACKAGE 
CASE 648-08 | CASE 751B-03 

SO-16 


FUNCTIONAL BLOCK DIAGRAM 


PIN ASSIGNMENTS 


Variable 
Reactance 
Output 


Variable 
Reactance 


Tr 2 


Base 


Tr 2 
Emitter 


Tr 2 
Collector 


This document contains information on a product under development. Motorola reserves the right 
to change or discontinue this product without notice. 
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MC2833 


MAXIMUM RATINGS 


FM MODULATOR 


Output RF Voltage (fg = 16.6 MHz) 
Output DC Voltage (No input signal) 


Modulation Sensitivity (fg = 16.6 MHz) SEN 3.0 7.0 Hz/mVdc 
(Vin = 0.8 V to 1.2 V) 14 —_ 
Maximum Deviation (fg = 16.6 MHz) Fdev 3.0 3.0 
(Vin = 0 V to 2.0 V) 


MIC AMPLIFIER 


Closed Loop Voltage Gain (Vj, = 3.0 mVrms) 
(fi, = 1.0 kHz) 


Output DC Voltage (No input signal) 


Output Swing Voitage (Vj, = 30 mVrms) Vout P-P 
(fin = 1.0 kHz) 
Total Harmonic Distortion (Vjp_ = 3.0 mVrms) THD : 
(fin = 1.0 kHz) 


Emitter Base Breakdown Voltage (Ip = 50 uA) 


Collector Base Cut Off Current (Vcg = 10 V) 
(IE = 0) 


AUXILIARY TRANSISTOR DYNAMIC CHARACTERISTICS 


Current Gain Bandwidth Product (VcgE = 3.0 V) fT 
(I¢ = 3.0 mA) 


Collector Base Capacitance (Vcf = 3.0 V) CcB 
(Ic = 0) 
Collector Substrate Capacitance (Vcs = 3.0 V) Ccs 
(Ic = 0) 


n 


DC Current Gain (Ic = 3.0 mA) 
(VcE = 3.0 V) 


als 
mn 
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MC2833 


FIGURE 1 — TEST CIRCUIT 


_ Crystal: fo = 16.605 MHz 
CL = 30 pF 
Rs = 109 Max | 
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FIGURE 2 — SINGLE CHIP FM VHF TRANSMITTER AT 49.7 MHz 
16.5667 MHz 
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MC2833 


a Variable 
0.0047 a ; Reactance 


470 p ra 
5 1.90 220k 
aM ae Wa 
1.0 k 47k 
= ra AR 1000 pF 
7 
470 pF 


RF Output 
pe ee 37 PFY 49.7 Mz 
+10 dBm 
390 k 220 pF 


Vcc = 3.0 V to 8.0 V = 


NOTES: The crystal used is fundamental mode, calibrated for parallel The RF output is +10 dBm (10 mW into 50 2 load) at 49.7 


resonance with a 32 pF load. The 49.7 MHz output is MHz, with all harmonics reduced by more than 50 dB. 
generated in the output buffer, which is being used as a All capacitors in microfarads, inductors in Henries and 
frequency tripler in this application. resistors in Ohms unless otherwise specified. 

The networks in the output stages provide frequency 0.22 ,H inductors are Toko B199SN-T1048Z 

selectivity and impedance matching at 49.7 MHz. 3.3 nH inductor is Toko B199KN-T1055Z 
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MOTOROLA 


a SEMICONDUCTOR 
TECHNICAL DATA 


Advance Information 


WIDEBAND 
FSK 
RECEIVER 


WIDEBAND FSK RECEIVER 


... includes Oscillator, Mixer, Limiting IF Amplifier, Quadrature MONOLITHIC SILICON: 
Detector, Audio Buffer, Squelch, Meter Drive, Squelch Status out- 1 of INTEGRATED CIRCUIT 
put, and Data Shaper comparator. The MC3356 is designed for 
use in digital data communications equipment. 


e@ Data Rates up to 500 kilobaud 
@ Excellent Sensitivity: —3 dB Limiting Sensitivity 
30 wVrms GW 100 MHz 


_@ Highly versatile, full-function device, yet few external parts are 
required 


P SUFFIX 
PLASTIC PACKAGE 
CASE 738 


FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM FIGURE 2 — PIN CONNECTIONS 


20 RF RF Ground RF Input 
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This is advance information on a new introduction and specifications are 
subject to change without notice. 
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MC3356 


MAXIMUM RATINGS. 


| Unit 
| 


en ee ec 


_ ELECTRICAL CHARACTERISTICS (Vcc = 5.0 Vdc, fg = 100 MHz, fogc = 110.7 MHz, Af = +75 kHz, fmod = 1.0 kHz, 50 2 
source, Ta = 25°C, test circuit of Figure 3, unless otherwise noted.) | 


Drain Current Total, RF Vcc and Vcc 


Input for —3 dB limiting ° | 


Input for 50 dB quieting (s = ‘) 


Mixer Voltage Gain, Pin 20 to Pin 5 
‘Mixer Input Resistance, 100 MHz 
| Mixer Input Capacitance, 100 MHz IE = eee | 


Mixer/Oscillator Frequency Range (Note 1) =a 
\F/Quadrature Detector Frequency Range (Note 1) 0.2 =e 


AM Rejection (30% AM, RF Vin = 1.0 mVrms) 


fee 
Demodulator Output, Pin 13 7 =e 
ae 
aoe 


Meter Drive 
Squelch Threshold 


Note 1: Not taken in Test Circuit of Figure 3; new component values required. 


FIGURE 3 — TEST CIRCUIT © 


Squelch Demod 


Status Out 
Data Output 0 


47 k 
100 MHz 3.0 k 
RF Input 
eo 0.01 oe 
3.3k P 
51 £ ae 
= 20> {19 16 15 14 1°" 


Data Comp(+) Comp(-) Squelch Squelch Demod Demod 
Output Status Control Out Filter Input 


RF input Ground 


Li — 110.7 MHz, 0.4 wH 
7T #22, %6 Form 
w/slug & can 

L2— 10.7 MHz, 1.5 pH 
20T #30, %6 Form 
w/slug & can 


OSC OSC RF Mixer Limiter Limiter Limiter Quad 
EM. COL Vcc Out Vcc Input Bias Bias’ 


T1 — Murata 1 2 3 
SFE10.7 MA5-Z = 5.6 pF 

or KYOCEKA 15 pF 
KBF10.7MN-MA i . 
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MC3356 


FIGURE 4 — OUTPUT COMPONENTS OF SIGNAL, NOISE, 
AND DISTORTION 
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General Description 


This device is intended for single and double con- 
version VHF receiver systems, primarily for FSK data 
transmission up to 500 K baud (250 kHz). It contains an 
oscillator, mixer, limiting IF, quadrature detector, signal 
strength meter drive, and data shaping amplifier. 

The oscillator is a common base Colpitts type which 
can be crystal controlled, as shown in Figure 1, or L-C 
controlled as shown in the other figures. At higher Vcc, 
it has been operated as high as 400 MHz. A mixer/ 
oscillator voltage gain of 2 up to approximately 200 
MHz, is readily achievable. 

The mixer functions well from an input signal of 10 
uVrms, below which the squelch is unpredictable, up 
to about 10 mVrms, before any evidence of overload. 
Operation up to 1.0 Vrms input is permitted, but non- 
linearity of the meter output is incurred, and some os- 
cillator pulling is suspected. The AM rejection above 10 
mVrms is degraded. | | 

The limiting IF is a high frequency type, capable of 
being operated up to 50 MHz. It is expected to be used 
at 10.7 MHz in most cases, due to the availability of 
standard ceramic resonators. The quadrature detector 
is internally coupled to the IF, and a 5.0 pF quadrature 
capacitor is internally provided. The — 3dB limiting sen- 
sitivity of the IF itself is approximately 50 pV (at Pin 7), 
and the IF can accept signals up to 1.0 Vrms without 
distortion or change of detector quiescent dc level. 

The IF is unusual in that each of the last 5 stages of 
the 6 state limiter contains a signal strength sensitive, 
current sinking device. These are parallel connected and 
buffered to produce a signal strength meter drive which 
is fairly linear for IF input signals of 10 pV to 100 mVrms. 
(See Figure 5.) 

A simple squelch arrangement is provided whereby 
the meter current flowing through the meter load re- 
sistance flips a comparator at about 0.8 Vdc above 
ground. The signal strength at which this occurs can be 


METER CURRENT, PIN 14 (A) 


FIGURE 5 — METER CURRENT versus SIGNAL INPUT 
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PIN 20 INPUT (mVrms) 


adjusted by changing the meter load resistor. The com- 
parator( +) input and output are available to permit con- 
trol of hysteresis. Good positive action can be obtained 
for IF input signais of above 30 pVrms. The 130 kQ 


- resistor shown in the test circuit provides a small 


amount of hysteresis. Its connection between the 3.3 k 


- resistor to ground and the 3.0 k pot, permits adjustment 


of squelch level without changing the amount of 
hysteresis. 

The squelch is internally connected to both the quad- 
rature detector and the data shaper. The quadrature 
detector output, when squelched, goes to a dc level 
approximately equal to the zero signal level, un- 
squelched. The squelch causes the data shaper to pro- 
duce a high (Vcc) output. 

The data shaper is a complete ‘‘floating’’ comparator, 
with back to back diodes across its inputs. The output 
of the quadrature detector can be fed directly to either 
input of this amplifier to produce an output that is either 
at Vcc or Veg, depending upon the received frequency. 
The impedance of the biasing can be varied to produce 
an amplifier which “follows” frequency detuning to 
some degree, to prevent data pulse width changes. 

When the data shaper is driven directly from the de- 
modulator output, Pin 13, there may be distortion at Pin 
13 due to the diodes, but this is not important in the 
data application. A useful note in relating high/low input 
frequency to logic state: low IF frequency corresponds 
to low demodulator output. If the oscillator is above the 
incoming RF frequency, then high RF frequency will 
produce a logic low. (Input to (+)input of Data Shaper 
as shown in figures 1 and 3.) . 
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FIGURE 6 — APPLICATION WITH FIXED BIAS ON DATA SHAPER 
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Application Notes 


The MC3356 is a high frequency/high gain receiver 
that requires following certain layout techniques in de- 
signing a stable circuit configuration. The objective is 
to minimize or eliminate, if possible, any unwanted 
feedback. 


Shielding, which includes the placement of input and 
output components, is important in minimizing electro- 
static or electromagnetic coupling. The MC3356 has its 
pin connections such that the circuit designer can place 
the critical input and output circuits on opposite ends 
of the chip. Shielding is normally required for inductors 
in tuned circuits. 


The MC3356 has separate Vcc’'s and grounds for the 
RF and IF sections which allows good external circuit 
isolation by minimizing common ground paths. 


Note that the circuits of figures 1 and 3 have RF, os- 
cillator, and IF circuits predominantly referenced to the 
plus supply rails. Figure 6, on the other hand, shows a 
suitable means of ground referencing. The two methods 
produce identical results when carefully executed. It is 
important to treat Pin 19 as a ground node for either 
approach. The RF input should be “grounded” to 


MC3356 


Comp( +) Comp(- )Squelch Squelch Demod Demod Quad 
Status Control Out 


Jeb 
Ce 0. nif 


r. Fil 
10.7 eae 
[> ) 


OVor40V 


Car. Det. Out 
O 


Filter Input 


besos 


Quad 
Bias 


Limiter Limiter Limiter 
Input a Bias 


Pin 1 and then the input and the mixer/oscillator 
grounds (or RF Vcc bypasses) should be connected by 
a low inductance path to Pin 19. IF and detector sections 
should also have their bypasses returned by a separate 
path to Pin 19. Vcc and RF Vcc can be decoupled to 
minimize feedback, although the configuration of Figure 
3 shows a successful implementation on a common 5.0 
supply. Once again, the message is: define a supply 
node and a ground node and return each section to 
those nodes by separate, low impedance paths. 

The test circuit of Figure 3 has a 3 db limiting level 
of 30 nV which can be lowered 6 db by a 1:2 untuned 
transformer at the input as shown in figures 6 and 7. 
For applications that require additional sensitivity, an 
RF amplifier can be added, but with no greater than 20 
db gain. This will give a 2.0 to 2.5 pV sensitivity and any 
additional gain will reduce receiver dynamic range with- 
out improving its sensitivity. Although the test circuit 
operates at +5.0 V, the mixer/oscillator optimum per- 
formance is at +8.0 V to 12 V. A minimum of +8.0 V 
is recommended in high frequency applications (above 
150 MHz), or in PLL applications where the oscillator 
drives a prescaler. 
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FIGURE 7 — APPLICATION WITH SELF-ADJUSTING BIAS ON DATA SHAPER 
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APPLICATION NOTES, continued 


Depending on the external circuit, inverted or non- 
inverted data is available at Pin 18. Inverted data makes 
the higher frequency in the FSK signal a ‘one’ when the 
local oscillator is above the incoming RF. Figure 6 sche- 
matic shows the comparator with hysteresis. In this cir- 
cuit the dc reference voltage at Pin 17 is about the same 
as the demodulated output voltage (Pin 13) when no 
signal is present. This type circuit is preferred for sys- 
tems where the data rates can drop to zero. Some sys- 
tems have a low frequency limit on the data rate, such 
as systems using the MC3850 ACIA that has a start or 
stop bit. This defines the low frequency limit that can 
appear in the data stream. Figure 6 circuit can then be 


Status 


Comp(+) Comp(-) Squeich Squelch Demod Demod 
Control Out 


12 le 
Quad 


Filter Input 


changed to a circuit configuration as shown in Figure 
7. In Figure 7 the reference voltage for the comparator 
is derived from the demodulator output through a low 
pass circuit where 7 is much lower than the lowest fre- 
quency data rate. This and similar circuits will compen- 
sate for small tuning changes (or drift) in the quadrature 
detector. 


Squelch status (Pin 15) goes high (squelch off) when 
the input signal becomes greater than some preset level 
set by the resistance between Pin 14 and ground. Hys- 
teresis is added to the circuit externally by the resistance 
from Pin 14 to Pin 15. 
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MOTOROLA 


a SEMICONDUCTOR 
TECHNICAL DATA 


LOW POWER 


FM IF 
LOW POWER NARROW BAND FM IF 


SILICON MONOLITHIC 
INTEGRATED CIRCUIT 


. includes Oscillator, Mixer, Limiting Amplifier, Quadrature 
Discriminator, Active Filter, Squelch, Scan Control, and Mute 
Switch. The MC3357 is designed for use in FM dual conversion 
communications equipment. 


@ Low Drain Current (3.0 mA (Typ) @ Vcc = 6.0 Vdc) 


@ Excellent Sensitivity: Input Limiting Voltage — 
(-3.0 dB) = 5.0 pV (Typ) 


1 
@ Low Number of External Parts Required P SUFFIX 


PLASTIC PACKAGE 
CASE 648-08 


ce 


1 
FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM 


D SUFFIX 
PLASTIC PACKAGE 
CASE 751B-03 
SO-16 
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PIN CONNECTIONS 
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MAXIMUM RATINGS (Ta = 25°C, unless otherwise noted) 


Power Supply Voltage 


Operating Supply Voltage Ranoe 


Detector Input Voltage 


Junction Temperature 


Operating Ambient Temperature Range 
Storage Temperature Range 


Input Voltage (Vcc > 6.0 Volts) 


Drain Current 
Squelch Off 
Squelch On 


Input Limiting Voltage 

(-3 dB Limiting) 
Detector Output Voitage 
Detector Output Impedance 


Recovered Audio Output Voltage 
(Vig = 10 mv) 

Filter Gain (10 kHz) 
(Vin = 5 mV) 

Filter Output Voltage 

Trigger Hysteresis | 


Scan Function Low (Mute Off) 
(V12 = 2 Vdc) 


Scan Function High (Mute On) 
(Vi2=Gnd) . 


Mixer Conversion Gain 
Mixer Input Resistance 
Mixer input Capacitance 


© Vcc = 6.0 Vde FIGURE 2 — TEST CIRCUIT 
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CIRCUIT DESCRIPTION 


The MC3357 is a low power FM IF circuit designed 
primarily for use in voice communication scanning 
receivers. 

The mixer-oscillator combination converts the input 
frequency (e.g., 10.7 MHz) down to 455 kHz, where, after 
external bandpass filtering, most of the amplification 
is done. The audio is recovered using a conventional 
quadrature FM detector. The absence of an input signal 
is indicated by the presence of noise above the desired 
audio frequencies. This ‘noise band” is monitored by 
an active filter and a detector. A squeich trigger circuit 
indicates the presence of noise (or a tone) by an output 
which can be used to control scanning. At the same 
time, an internal switch is operated which can be used 
to mute the audio. 

The oscillator is an internally-biased Colpitts type with 
the collector, base, and emitter connections at Pins 4, 
1, and 2 respectively. A crystal can be used in place of 
the usual coil. 

The mixer is doubly-balanced to reduce spurious re- 
sponses. The input impedance at Pin 16 is set by a 3.0 
kQ. internal biasing resistor and has low capacitance, 
allowing the circuit to be preceded by a crystal filter. 
The collector output at Pin 3 must be dc connected to 
B+, below which it can swing 0.5 V. 

After suitable bandpass filtering (ceramic or LC) the 
signal goes to the input of a five-stage limiter at Pin 5. 
The output of the limiter at Pin 7 drives a multiplier, 


both internally directly, and externally through a quad- 
rature coil, to detect the FM. The output at Pin 7 is also 
used to supply dc feedback to Pin 5. The other side of 
the first limiter stage is decoupled at Pin 6. 

The recovered audio is partially filtered, then buffered 
giving an impedance of around 400 1 at Pin 9. The 
signal still requires de-emphasis, volume control and 
further amplification before driving a loudspeaker. 

Asimple inverting op amp is provided with an output 
at Pin 11 providing dc bias (externally) to the input at 
Pin 10 which is referred internally to 2.0 V. A filter can 
be made with external impedance elements to discrim- 
inate between frequencies. With an external AM detec- 
tor the filtered audio signal can be checked for the pres- 
ence of noise above the normal audio band, or a tone 
signal. This information is applied to Pin 12. 

An external positive bias to Pin 12 sets up the squelch 
trigger circuit such that Pin 13 is low at an impedance 
level of around 60 kQ, and the audio mute (Pin 14) is 
open circuit. If Pin 12 is pulled down to 0.7 V by the 
noise or tone detector, Pin 13 will rise to approximately 
0.5 Vdc below supply where it can support a load current 
of around 500 pA and Pin 14 is internally short-circuited 
to ground. There is 100 mV of hysteresis at Pin 12 to 
prevent jitter. Audio muting is accomplished by con- 
necting Rin 14 to a high-impedance ground-reference 
point in the audio path between Pin 9 and the audio 
amplifier. 


THERMAL INFORMATION 


the sum of the products of the supply voltages and supply 
currents at the worst case operating condition. 


The maximum power consumption an integrated circuit 
can tolerate at a given operating ambient temperature, can 


be found from the equation: 
TJ(max) -TA 


PD(TA) = ReyalTyp) 


Where: Po(T a) = Power Dissipation allowable at a given 
operating ambient temperature. This must be greater than 


TJ(max) = Maximum Operating Junction Temperature 
as listed in the Maximum Ratings Section 
Ta = Maximum Desired Operating Ambient 
Temperature 
Rg ja(Typ) = Typical Thermal Resistance Junction to 
Ambient 
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FIGURE 3 — CIRCUIT SCHEMATIC. 
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TECHNICAL DATA 


HIGH GAIN 
LOW POWER 


LOW POWER NARROWBAND FM IF 


... includes oscillator, mixer, limiting amplifier, AFC, quadrature 
discriminator, op/amp, squelch, scan control, and mute switch. 
The MC3359 is designed to detect narrowband FM signals using 
a 455 kHz ceramic filter for use in FM dual conversion commu- 
nications equipment. The MC3359 is similar to the MC3357 except 
that the MC3359 has an additional limiting IF stage, an AFC output, 
and an opposite polarity Broadcast Detector. The MC3359 also 
requires fewer external parts. 


@ Low Drain Current: 3.6 mA (Typ) @ Vcc = 6.0 Vdc 


@ Excellent Sensitivity: Input Limiting Voltage — 
—3.0 dB = 2.0 pV (Typ) 


@ Low Number of External Parts Required 


_ FIGURE 1 — TYPICAL APPLICATION IN A SCANNER RECEIVER 
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FIGURE 2 — PIN CONNECTIONS AND 
FUNCTIONAL BLOCK DIAGRAM 
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-- MAXIMUM RATINGS (Ta, = 25°C, unless otherwise noted) 
i a - Rating . 


| Power Supply Voltage” , 


Operating Ambient Temperature Range ee ae —30 to +70 
Storage Temperature Range Pee. 


ELECTRICAL CHARACTERISTICS (Vcc = 6.0 Vdc, fo = 10.7 MHz, Af = -+3.0 kHz, fmod = 1.0 kHz, 50 0 source, 
| eo Ta = 25°C test circuit of Figure 3, unless otherwise noted) 


Drain Current (Pins 4 and 8) Squelch Off 
wh fe Squelch On 


Input for 20 dB Quieting 


Mixer Voltage Gain (Pin 18 to Pin 3, Open) 
‘Mixer Third Order Intercept, 50 2 Input 


Recovered Audio, Pin 10 
(Input Signal 1.0 mVrms) 


Scan Control Current, Pin 15 Pin 14 — High 
— Low 


Mute Switch Impedance. Pin 14 — High 
: Pin 16 to Ground — Low 


FIGURE 3 — TEST CIRCUIT 
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FIGURE 8 — RELATIVE MIXER GAIN 


RELATIVE GAIN [dB] 


t t+ ttt 


DERIVED USING 


OPTIMUM LC 
OSCILLATOR VALUES 
AND HOLDING 

IF FREQUENCY AT 
455 kHz 


FREQUENCY [MHz] 


RELA“IVE OUTPUT [dB] 


FIGURE 5 — LIMITING I.F. FREQUENCY RESPONSE 


0 Dannii TH] 
rier 
~ 10 TAY = 
= 20 RESPONSE TAKEN ON nim 
a A SPECIAL PROTOTYPE. 
ies 30 TERMINALS NOT 
B AVAILABLE ON 
a STANDARD DEVICE. 
= —40 
‘ae 
a 
z —50 
— 60 
—70 
0.1 1.0 10 100 
FREQUENCY [MHz] 
FIGURE 7 — DETECTOR AND AFC RESPONSES 
8 
5 
o- 
=. 
ro) 
10 8 6 4 2 0 2.0 4.0 6.0 8.0 10 
RELATIVE FREQUENCY [kHz] 
FIGURE 9 — OVERALL GAIN, NOISE, AND A.M. REJECTION 
= 
= 
> 
ws Vcc = 6.0 Vde 
= rent 
im (30% 
ao 


INPUT [mVrms] 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-33 


” 


RELATIVE OUTPUT [dB] 


MC3359 


FREQUENCY [MHz] 


- FIGURE 10 — OUTPUT COMPONENTS OF 
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FIGURE 11 — AUDIO OUTPUT AND TOTAL | 
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FIGURE 13 — OP AMP GAIN AND PHASE RESPONSE 
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- FIGURE 16 — CIRCUIT SCHEMATIC 
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MC3359 


CIRCUIT DESCRIPTION 


The MC3359 is a low-power FM IF circuit designed primarily 
for use in voice-communication scanning receivers. It is also 
finding a place in narrowband data links. 

In the typical application (Figure 1), the mixer-oscillator com- 
bination converts the input frequency (10.7 MHz) down to 455 
kHz, where, after external bandpass filtering, most of the am- 
plification is done. The audio is recovered using a conventional 
quadrature FM detector. The absence of an input signal is in- 
dicated by the presence of noise above the desired audio fre- 
quencies. This “‘noise band” is monitored by an active filter 
and a detector. A squelch-trigger circuit indicates the presence 
of noise (or a tone) by an output which can be used to control 
scanning. At the same time, an internal switch is operated 
which can be used to mute the audio. 


APPLICATION 


The oscillator is an internally biased Colpitts type with the 
collector, base, and emitter connections at Pin 4, 1, and 2, re- 
spectively. The crystal is used in fundamental mode, calibrated 
for parallel resonance at 32 pF load capacitance. In theory this 
means that the two capacitors in series should be 32 pF, but 
in fact much larger values do not significantly affect the os- 
cillator frequency, and provide higher oscillator output. 

The oscillator can also be used in the conventional L/C Col- 
pitts configuration without loss of mixer conversion gain. This 
oscillator is, of course, much more sensitive to voltage and 
temperature as shown in Figure 12. Guidelines for choosing L 
and C values are given in Figure 14. 

The mixer is doubly balanced to reduce spurious responses. 
The mixer measurements of Figure 4 and 6 were made using 
an external 50 © source and the internal 1.8 k at Pin 3. Voltage 
gain curves at several Vcc voltages are shown in Figure 4. The 
Third Order Intercept curves of Figure 6 are shown using the 
conventional dBm scales. Measured power gain (with the 50 
© input) is approximately 18 dB but the useful gain is much 
higher because the mixer input impedance is over 3 kX. Most 
applications will use a 330 2 10.7 MHz crystal filter ahead of 
the mixer. For higher frequencies, the relative mixer gain is 
given in Figure 8. . 

Following the mixer, a ceramic bandpass filter is recom- 
mended. The 455 kHz types come in bandwidths from +2 kHz 
to +15 kHz and have input and output impedances of 1.5 k to 
2.0 k. For this reason, the Pin 5 input to the 6 stage limiting IF 


has an internal 1.8 k resistor. The IF has a 3 dB limiting sen- 
sitivity of approximately 100 V at Pin 5 and a useful frequency 
range of about 5 MHz as shown in Figure 5. The frequency 
limitation is due to the high resistance values in the IF, which 
were necessary to meet the low power requirement. The out- 
put of the limiter is internally connected to the quadrature de- 
tector, including the 10 pF quadrature capacitor. Only a parallel 
L/C is needed externally from Pin 8 to Vcc. A shunt resistance 
can be added to widen the peak separation of the quadrature 
detector. 

_ The detector output is amplified and buffered to the audio 
output, Pin 10, which has an output impedance of approxi- 
matley 300 2. Pin 9 provides a high impedance (50 k) point in 
the output amplifier for application of a filter or de-emphasis 
capacitor. Pin 11 is the AFC output, with high gain and high 
output impedance (1 M). If not needed, it should be grounded, 


or it can be connected to Pin 9 to double the recovered audio. 


The detector and AFC responses are shown in Figure 7. 
Overall performance of the MC3359 from mixer input to au- 


‘dio output is shown in Figure 9 and 10. The MC3359 can also 


be operated in ‘‘single conversion’ equipment; i.e., the mixer 
can be used as a 455 kHz amplifier. The oscillator is disabled 


by connecting Pin 1 to Pin 2. In this mode the overall perfor- 


mance is identical to the 10.7 MHz results of Figure 9. 

A simple inverting op amp is provided with an output at Pin 
13 providing dc bias (externally) to the input at Pin 12, which 
is referred internally to 2.0 V. A filter can be made with external 
impedance elements to discriminate between frequencies. 
With an external AM detector, the filtered audio signal can be 
checked for the presence of either noise above the normal 
audio, or a tone signal. 

The open loop response of this op amp is given in Figure 
13. Bandpass filter design information is provided in Figure 15. 

A low bias to Pin 14 sets up the squelch-trigger circuit such 
that Pin 15 is high, a source of at least 2.0 mA, and the audio 
mute (Pin 16) is open-circuit. If Pin 14 is raised to 0.7 V by the 
noise or tone detector, Pin 15 becomes open circuit and Pin 
16 is internally short circuited to ground. There is no hysteresis. 
Audio muting is accomplished by connecting Pin 16 to a high- 
impedance ground-reference point in the audio path between 
Pin 10 and the audio amplifier. No dc voltage is needed, in fact 
it is not desirable because audio ‘‘thump”’ would result during 
the muting function. Signal swing greater than 0.7 V below 
ground on Pin 16 should be avoided. 
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LOW POWER NARROW BAND FM IF LOW POWER 


FM IF 


SILICON MONOLITHIC 


... includes Oscillator, Mixer, Limiting Amplifier, Quadrature Dis- INTEGRATED CIRCUIT 


criminator, Active Filter, Squeich, Scan Contral, and Mute Switch. 
The MC3361 is designed for use in FM dual conversion commu- 
nications equipment. 


Operates From 2.0 V to 8.0 V Supply 
Low Drain Current 4.2 mA Typ @ Vcc = 4.0 Vdc 


Excellent Sensitivity: Input Limiting Voltage — 
—3.0 dB = 2.0 pV Typ 


@ Low Number of External Parts Required 
@ Operating Frequency Up to 60 MHz 


P SUFFIX 
PLASTIC PACKAGE 
CASE 648-08 
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D SUFFIX 
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SO-16 


FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM 
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MAXIMUM RATINGS (Ta, = 25°C, unless otherwise noted) 


Symbol 
Vcec(max) 


Power Supply Voltage. 


Operating Supply Voltage Range 


‘Detector Input Voltage 


Input Voltage (Vcc = 4.0 Volts) 
Mute Function 


Junction Temperature 


Operating Ambient Temperature Range 


Storage Temperature Range 


ELECTRICAL CHARACTERISTICS (Vcc = 4.0 Vdc, fo = 10.7 MHz, Af = +3.0 kHz, fmog = 1.0 kHz, Ta = 25°C, 
unless otherwise noted.) 


Characteristic | 


Drain Current (No signal) 
Squelch Off 
Squelch On ; 


Recovered Audio Output Voltage (Vjp = 10 mVrms) 


fo>) 


Input Limiting Voltage (— 3.0 dB Limiting) 
Total Harmonic Distortion 

Recovered Output Voltage (No Input Signal) 
Drop Voltage AF Gain Loss 

Detector Output Impedance 

Filter Gain (10 kHz) (Vin = 0.3 mVrms) 
Filter Output Voltage 


FS 


Mute Function Low 


aS 
jo) 


Mute Function High 

Scan Function Low (Mute Off) (Vi2 = 1.0 Vdc) 
Scan Function High (Mute On) (V12 = Gnd) 
Trigger Hysteresis 


w 


Ww 
Ww 
oO 


Mixer Conversion Gain 


[o>) 


Mixer Input Resistance 


—_ — w —_ —_ —_ —_ —_ _ 
—_ 


oO 


Mixer Input Capacitance 
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FIGURE 2 — TEST CIRCUIT 
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FIGURE 3 — AUDIO OUTPUT, DISTORTION 
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FIGURE 4 — AUDIO OUTPUT, DISTORTION 
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FIGURE 6 — INPUT LIMITING VOLTAGE FIGURE 7 — OVERALL GAIN, NOISE, AND A.M. REJECTION 
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FIGURE 11 — TYPICAL APPLICATION 
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Advance Information 


LOW POWER NARROWBAND FM RECEIVER 


LOW-POWER 
DUAL CONVERSION 
FM RECEIVER 


. includes dual FM conversion with oscillators, mixers, quad- 
rature detector, and meter drive/carrier detect circuitry. The 
MC3362 also has buffered first and second local oscillator outputs © 
and a comparator circuit for FSK detection. 


@ Wide Input Bandwidth: 
— 200 MHz using Internal Local Oscillator 
— 450 MHz using External Local Oscillator 


Complete Dual Conversion Circuitry 

Low Voltage: Vcc = 2.0 to 7.0 Vdc 

Low Drain Current (3.6 mA (Typ) @ Vcc = 3.0 Vdc) . 
Excellent Sensitivity: Input 0.7 wV (Typ) for 12 dB SINAD 
Data Shaping Comparator 


Received Signal Strength Indicator (RSS!) with.60 dB 
Dynamic Range 


_ SILICON MONOLITHIC 
INTEGRATED CIRCUIT 
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DW SUFFIX 
PLASTIC PACKAGE 
CASE 751E-03 
SO-24 


@ Low Number of External Parts Required 
Manufactured in Motorola’s MOSAIC Process Technology 


RF Input FIGURE 1 — TYPICAL APPLICATION IN A PLL FREQUENCY 
to 200 MHz SYNTHESIZED RECEIVER . 
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FIGURE 2 — PIN CONNECTIONS AND 
FUNCTIONAL BLOCK DIAGRAM 
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Varicap Control 
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Meter Drive 
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This document contains information on a new product. Specifications and information herein are 
subject to change without notice. MOSAIC is a trademark of Motorola. 
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MAXIMUM RATINGS (Ta = 25°C, unless otherwise noted) 


Storage Temperature Range 


ELECTRICAL CHARACTERISTICS (Vcc = 5.0 Vdc, fo = 49.7 MHz, Deviation = 3.0 kHz, Ta = 25°C, Test Circuit of Figure 3 
unless otherwise noted) : 


[Recovered Audio (RF signal evel = 0m) «dC 
[Noise Output RF signal level = Omv) Sd 
carer Detect Threshold below Voc) Sd 
[Meter DrveSiope SS SSSCSC~*dSC 


Detector Output Resistance 


= 
wo 


FIGURE 3 — TEST CIRCUIT 


RF Ferronics 
Input eS 12-345-K 
1 24 
120 pF 2:8 
10.245 50 pF a 10.5 Turns 
MHz | | | Coilcraft 
| | UNI-10/142 
| 
muRata CFU455D 
FL2 —. ; or 


Toko LFC-455I 


FL2: 
muRata SFE10.7MA 
or 
0.1 Toko SK107M3-A0-10 
. Toko RMC-2A6597HM +1.0 uF 
Vcc O 5 VEE 
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_ FIGURE 5 — DRAIN CURRENT, RECOVERED AUDIO versus. SUPPLY 


FIGURE 4 — IMETER versus INPUT 
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FIGURE 9 — DETECTOR OUTPUT versus FREQUENCY 


FIGURE 8 — 1ST MIXER 3RD ORDER INTERMODULATION . 
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CIRCUIT DESCRIPTION 

The MC3362 is a complete FM narrowband receiver 
from antenna input to audio preamp output. The low 
voltage dual conversion design yields low power drain, 
excellent sensitivity and good image rejection in nar- 
rowband voice and data link applications. 

In the typical application (Figure 1), the first mixer 
amplifies the signal and converts the RF input to 10.7 
MHz. This IF signal is filtered externally and fed into the 
second mixer, which further amplifies the signal and 
converts it to a 455 kHz IF signal. After external band- 
pass filtering, the low IF is fed into the limiting amplifier 
and detection circuitry. The audio is recovered using a 
conventional quadrature detector. Twice-lF filtering is 
provided internally. 

The input signal level is monitored by meter drive 
circuitry which detects the amount of limiting in the 
limiting amplifier. The voltage at the meter drive pin 
determines the state of the carrier detect output, which 
is active low. 


APPLICATION 

The first local oscillator can be run using a free- 
running LC tank, as a VCO using PLL synthesis, or 
driven from an external crystal oscillator. It has been 
run to 190 MHz.* A buffered output is available at Pin 
20. The second local oscillator is a common base Col- 
pitts type which is typically run at 10.245 MHz under 
crystal control. A buffered output is available at Pin 
2. Pins 2 and 3 are interchangeable. 

The mixers are doubly balanced to reduce spurious 
responses. The first and second mixers have conver- 
sion gains of 18 dB and 22 dB (typical), respectively, 
as seen in Figure 6. Mixer gain is stable with respect 
to supply voltage. For both conversions, the mixer 
impedances and pin layout are designed to allow the 
user to employ low cost, readily available ceramic fil- 
ters. Overall sensitivity and AM rejection are shown 
in Figure 7. The input level for 20 dB (S+N)/N is 0.7 
pV using the two-pole post-detection filter pictured. 


*If the first local oscillator (Pins 21 and/or 22) is driven from 
a strong external source (100 mVrms), the mixer can be 
used to over 450 MHz. 


Following the first mixer, a 10.7 MHz ceramic band- 
pass filter is recommended. The 10.7 MHz filtered sig- 
nal is then fed into one second mixer input pin, the 
other input pin being connected to Vcc. 


The 455 kHz IF is typically filtered using a ceramic 
bandpass filter then fed into the limiter input pin. The 
limiter has 10 pV sensitivity for —3.0 dB limiting, flat 
to 1.0 MHz. 

The output of the limiter is internally connected to 
the quadrature detector, including a quadrature 
capacitor. A parallel LC tank is needed externally from 
Pin 12 to Vcc. A 68 kQO shunt resistance is included 
which determines the peak separation of the quad- 
rature detector; a smaller value will increase the spac- 
ing and linearity but decrease recovered audio and 
sensitivity. 

A data shaping circuit is available and can be cou- 
pled to the recovered audio output of Pin 13. The cir- 
cuit is a comparator which is designed to detect zero 
crossings of FSK modulation. Data rates of 2000 to 
35000 baud are detectable using the circuit of Figure 
1. Hysteresis is available by connecting a high-valued 
resistor from Pin 15 to Pin 14. Values below 120 kO 
are not recommended as the input signal cannot over- 
come the hysteresis. 

The meter drive circuitry detects input signal level 
by monitoring the limiting of the limiting amplifier 
stages. Figure 4 shows the unloaded current at Pin 10 
versus input power. The meter drive current can be 
used directly (RSSI) or can be used to trip the carrier 
detect circuit at a specified input power. To do this, 
pick an RF trip level in dBm. Read the corresponding 
current from Figure 4 and pick a resistor such that: 


R19 = 0.64 Vde/ 119 


Hysteresis is available by connecting a high-valued 
resistor Ryy between Pins 10 and 11. The formula is: 


Hyst. = Vcc/(Ry x 10-7) dB 
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Advance Information | 


LOW POWER DUAL CONVERSION FM RECEIVER 


The MC3363 is a single chip narrowband VHF FM radio receiver. 
It is a dual conversion receiver with RF amplifier transistor, oscil- 
lators, mixers, quadrature detector, meter drive/carrier detect and 
mute circuitry. The MC3363 also has a buffered first loca! oscillator 
output for use with frequency synthesizers, and a data slicing 
comparator for FSK detection. 


@ Wide Input Bandwidth — 200 MHz Using Internal Local Oscillator 
— 450 MHz Using External Loca! Oscillator 


RF Amplifier Transistor 

Muting Operational Amplifier 
Complete Dual Conversion 

Low Voltage: Vcc = 2.0Vto7.0V 


Low Drain Current: Ic¢ = 3.6 mA (Typ) at Vcc = 3.0V, 
Excluding RF Amplifier Transistor 


Excellent Sensitivity: Input 0.3 nV (Typ) for 12 dB SINAD 
Using Internal RF Amplifier Transistor 


e Data Shaping Comparator 


@ Received Signal Strength Indicator (RSSI) with 60 dB 
Dynamic Range 


@ Low Number of External Parts Required 
@ Manufactured in Motorola’s MOSAIC Process Technology 
e See AN980 For Additional Design Information 


LOW POWER 
DUAL CONVERSION 
FM RECEIVER 


SILICON MONOLITHIC | 
INTEGRATED CIRCUIT 
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FIGURE 1 — PIN CONNECTIONS AND FUNCTIONAL 


BLOCK DIAGRAM 


1st Mixer Input 


Emitter 
Collector [4] 

2nd LO Emitter 
2nd LO Base [6] 


2nd Mixer Output 


Limiter Input [9] 
Limiter Decoupling 


Limiter Decoupling [1] 


Meter Drive (RSSI) 


Carrier Detect 13! 


Quadrature Coil {14 


Varicap Control 
1st LO Tank 

ist LO Tank 

1st LO Output 
1st Mixer Output 
2nd Mixer Input 
2nd Mixer Input 
VEE 

Mute Output 
Comparator Output 
Comparator Input 
Recovered Audio 


Mute input 


This document contains information on a new product. Specifications and information herein are 
subject to change without notice. 
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MAXIMUM RATINGS (Ta = 25°C unless otherwise noted) 


Power Supply Voltage | 8 | Vcc(max) 8.0 


Input Voltage (Vcc = 5.0 Vdc) V1-28 1.0 


Storage Temperature Range 


Test Circuit of Figure 2 unless otherwi 
Characteristic 
Drain Current (Carrier Detect Low) 
— 3.0 dB Limiting Sensitivity (RF Amplifier Not Used) 
20 dB S/N Sensitivity (RF Amplifier Not Used) 
1st Mixer Input Resistance (Parallel — Rp) 


1st Mixer Input Capacitance (Parallel — Cp) 


1st Mixer Conversion Voltage Gain (Ayc1, Open Circuit) 
2nd Mixer Conversion Voltage Gain (Ayc2, Open Circuit) 
2nd Mixer Input Sensitivity (20 dB S/N) (10.7 MHz i/p) 
Limiter Input Sensitivity (20 dB S/N) (455 kHz i/p) 

RF Transistor DC Current Drain 

Recovered Audio (RF Signal Level = 1.0 mV) 

Noise Output Level (RF Signal = 0 mV) 

THD of Recovered Audio (RF Signal = 1.0 mV) 

Detector Output Impedance 


Data (Comparator) Output Voltage — High 
. — Low 


Data (Comparator) Threshold Voltage Difference 


Meter Drive Slope 
Carrier Detect Threshold (Below Vcc) 


Mute Output Impedance — High 
— Low 


Operating Supply Voltage Range Vcc 2.0 to 7.0 
(Recommended) 


Mute Output Voltage —0.7 to 8.0 Vpk 
r= | yc 
Operating Ambient Temperature Range a ee -—40 to +85 °C 


—65 to +150 
ELECTRICAL CHARACTERISTICS (Vcc = 5.0 Vdc, fo = 49.7 MHz, Deviation = +3.0 kHz, 
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FIGURE 2 — TEST CIRCUIT 


Vcc = 5.0 Vde 
C) 
Ferronics 12-345-K Core 
1st Mixer Input 1000 pF 26 
50 MHz © | CRF 1: muRata SFE 10.7 M 
or Equivalent 
| CRF 2: muRata CFU 455D 
| L1 0.41 nH or Equivalent 
= l L1: Coilcraft UNI 10/142 10% Turns 
LC1: Toko RMC2A6597HM 
L1 
u a | 
x | 

From PLL Phase Detector 
O 

| 4 | 
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CIRCUIT DESCRIPTION 

The MC3363 is a complete FM narrowband receiver 
from RF amplifier to audio preamp output. The low volt- 
age dual conversion design yields low power drain, 
excellent sensitivity and good image rejection in nar- 
rowband voice and data link applications. 

In the typical application, the input RF signal is ampli- 
fied by the RF transistor and then the first mixer ampli- 
fies the signal and converts the RF input to 10.7 MHz. 
This IF signal is filtered externally and fed into the sec- 
ond mixer, which further amplifies the signal and con- 
verts it to a 455 kHz IF signal. After external bandpass 
filtering, the low IF is fed into the limiting amplifier and 
detection circuitry. The audio is recovered using a con- 
ventional quadrature detector. Twice-IF filtering is pro- 
vided internally. 

The input signal level is monitored by meter drive 
circuitry which. detects the amount of limiting in the 
limiting amplifier. The voltage at the meter drive pin 
determines the state of the carrier detect output, which 
is active low. 


APPLICATION 

The first local oscillator is designed to serve as the 
VCO in a PLL frequency synthesized receiver. The 
MC3363 can operate together with the MC145166/7 to 
provide a two-chip ten channel frequency synthesized 
receiver in the 46/49 cordless telephone band. The 
MC3363 can also be used with the MC14515X series of 
CMOS PLL synthesizers and MC120XX series of ECL 
prescalers in VHF frequency synthesized applications to 
200 MHz. 


For single channel applications the first local oscil-. - 


lator can be crystal controlled. The circuit. of Figure 4 
has been used successfully up to 60 MHz. For higher 
frequencies an external oscillator signal can be injected 
into Pins 25 and/or 26 — a level of approximately 100 
mVrms is recommended. The first mixer’s transfer char- 
acteristic is essentially flat to.450 MHz when this 
approach is used (keeping a constant 10.7 MHz IF fre- 
quency). The second local oscillator is a Colpitts type 
which is typically run at 10.245 MHz under crystal 
control. 


The mixers are doubly balanced to reduce spurious 


responses. The first and second mixers have conversion 


gains of 18 dB and 21 dB (typical), respectively. Mixer 


gain is stable with respect to supply voltage. For both 
conversions, the mixer impedances and pin layout are 
designed to allow the user to employ low cost, readily 
available ceramic filters. | 

Following the first mixer, a 10.7 MHz ceramic band- 
pass filter is recommended. The 10.7 MHz filtered signal 
is then fed into the second mixer input Pin 21, the other 
input Pin 22 being connected to Vcc. 

The 455 kHz IF is filtered by a ceramic narrow band- 
pass filter then fed into the limiter input Pin 9. The limiter 
has 10 uV sensitivity for —3.0 dB limiting, flat to 1.0 
MHz. 


The output of the limiter is internally connected to 
the quadrature detector, including a quadrature capac- 
itor. A parallel LC tank is needed externally from Pin 14 
to Vcc. A 68 kOhm shunt resistance is included which 
determines the peak separation of the quadrature detec- 
tor; a smaller value will lower the Q and expand the 
deviation range and linearity, but decrease recovered 
audio and sensitivity. 

A data shaping circuit is available and can be coupled 
to the recovered audio output of Pin 16. The circuit is 
a comparator which is designed to detect zero crossings 
of FSK modulation. Data rates of 2000 to 35000 baud 
are detectable using the comparator. Best sensitivity is 
obtained when data rates are limited to 1200 baud max- 
imum. Hysteresis is available by connecting a high-val- 
ued resistor from Pin 17 to Pin 18. Values below 120 
kOhm are not recommended as the input signal cannot 
overcome the hysteresis. 

The meter drive circuitry detects input signal level by 
monitoring the limiting of the limiting amplifier stages. 
Figure 5 shows the unloaded current at Pin 12 versus 
input power. The meter drive current can be used 
directly (RSSI) or can be used to trip the carrier detect 
circuit at.a specified input power. 

A muting op amp is provided and can be triggered 
by the carrier detect output (Pin 13). This provides a 
carrier level triggered squelch circuit which is activated 
when the RF: input at the desired input frequency falls 
below a preset level. The level at which this occurs is 
determined by the resistor placed between the meter 
drive output (Pin 12) and Vcc. Values between 80-130 
kOhms are recommended. This type of squelch is ie: 
tured in Figures 3 and 4. 

Hysteresis is available by connecting a high-valued 
resistor Rh between Pins 12 and 13. The formula is: 


Hyst = Vcc/ (Rh x 10~7) dB 


The meter drive can also be used directly to drive a 
meter or to provide AGC. A current to voltage converter 
or other linear buffer will be needed for this application. 

A second possible application of the op amp would 
be in a noise triggered squelch circuit, similar to that 
used with the MC3357/MC3359/MC3361 FM I.F.’s. In this 
case the op amp would serve as an active noise filter, 
the output of which would be rectified and compared 
to a reference on a squelch gate. The MC3363 does not 
have.a dedicated squelch gate, but the NPN RF input 
stage or data shaping comparator might be used to 
provide this function if available. The op amp is a basic 
type with the inverting input and the output available. 
This application frees the meter drive to allow it to be 
used as a linear signal strength monitor. 

The circuit of Figure 4 is a complete 50 MHz receiver 
from antenna input to audio preamp output. It uses few 
components and has good performance. The receiver 
operates on a single channel and has input sensitivity 
of <0.3 nV for 12 dB SINAD. . 
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FIGURE 3 — TYPICAL APPLICATION IN A PLL FREQUENCY SYNTHESIZED RECEIVER 


Vec = 5.0 Vde 
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FIGURE 4 — SINGLE CHANNEL CRYSTAL CONTROLLED FM RECEIVER 
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FIGURE 5 — CIRCUIT SCHEMATIC 
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| Product Preview 
LOW VOLTAGE 


| SINGLE CONVERSION 
LOW VOLTAGE FM NARROWBAND RECEIVER FM RECEIVER 
.. with single conversion circuitry including oscillator, mixer, IF 
amplifiers, limiting IF circuitry, and quadrature discriminator. The SILICON MONOLITHIC 
MC3367 is perfect for narrowband audio and data applications up ___ INTEGRATED CIRCUIT 
to 75 MHz which require extremely low power consumption. Bat- 
tery powered applications down to Vcc = 1.1 V are possible. The 
MC3367 also includes an on-board voltage regulator, low battery 
detection circuitry, a receiver enable allowing a power down 
“sleep mode,” two undedicated buffer amplifiers to allow simul- 
taneous audio and data reception, and a comparator for enhanc- 
ing FSK (Frequency Shift Keyed) data reception. 
@ Low Supply Voltage: Vcc = 1.1 to 3.0 Vde 
Low Power Consumption: Pp = 1.5 to 5.0 mW 
Input Bandwidth 75 MHz | OW eer 


PLASTIC PACKAGE 
Excellent Sensitivity: Input Limiting Voltage (—3.0 dB) | CASE 751F-03 


= 0.2 nVrms SO-28 
Voltage Regulator Available (Source Capability 3.0 mA) 


Receiver Enable to Allow Active/Standby Operation 
Low Battery Detection Circuitry 

Self Biasing Audio Buffer with Nominal Gain Ay = 4.0 
Data Buffer with Nominal Gain Ay = 3.2 

Comparator with > 25 kHz (50 kbaud) Capability 
Standard 28-Lead Surface Mount (SOIC) Package 


PIN CONNECTIONS 


28 (1 2nd IF Amp In 
27 (C0 Data Buffer Out 
26 (J Data Buffer In 
25 1 ist IF Amp Out 


Mixer Depl.C 
Mixer Out 
Mixer In 
Osc. Depl. U 
Osc. Base 

. Osc. Emit. 0 
FIGURE 1 — BLOCK DIAGRAM | — Isre DepI.C 


; ‘ -_ Quadrature re oe The Quad Tank 
Buffe 
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Demodulator! Bes Quad Tank 
o ilter ; 
Demod. Gnd{ 16 Receiver Enable 


Comparator I/PC 15 (1) Comparator O/P 


a Crystal 
Oscill. 


Voltage 
Regulator 


Receiver Phi is 
Enable miteo 


Reference 


Voltage 
Reference] | 


Low 
Battery 


Comparator Detector 


This document contains information on a product under development. Motorola reserves the right 
to change or discontinue this product without notice. 
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ABSOLUTE MAXIMUM RATINGS (Voltages referred to Pin 12; Ta = 25°C) | 
Parameter 

Supply Voltage 

RF Input Signal 

Audio Buffer Input 

Data Buffer Input 


Comparator Input 


Junction Temperature 


Storage Temperature -65to | 750 


Devices should not be operated at or outside these values. The ‘‘Recommended Operating Limits” 
provide for actual device operation. ; 


RECOMMENDED OPERATING CONDITIONS 
Parameter 

Supply Voltage 

Receiver Enable Voltage 

1.2 V Select Voltage 

RF Input Signal 

RF Input Frequency 


Intermediate Frequency (IF) 


Audio Buffer input 


Data Buffer Input 


Comparator Input . 


Ambient Temperature 


FIGURE 2 — TEST CIRCUIT 


(All capacitors in wF unless otherwise stated. Resistors in ohms. Inductors in Henries.) 
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ELECTRICAL CHARACTERISTICS (Vcc = 1.3 V, fo = 45 MHz, fmod = 1.0 kHz, Deviation = 3.0 kHz, TA = 25°C, 
Test Circuit of Figure 2 unless otherwise noted) 


oO 


OVERALL MC3367 PERFORMANCE 


Drain Current — Pin 15 = Vcc 
— Pin 15 = 0 Vde 


Recovered Audio (RF Input = 10 mV) 


MIXER 


Mixer Input Resistance (Rp) 
Mixer Input Capacitance (Cp) 


FIRST IF AMPLIFIER 


AUDIO BUFFER 


Input for —3.0 dB Limiting ——e 


COMPARATOR 


LOW BATTERY DETECTOR 
Low Battery Trip Point 


VOLTAGE REGULATOR 


Low Battery Output — Vcc = 0.9 V i 
—Vecc = 1.3V 
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FIGURE 3 — RECOVERED AUDIO versus SUPPLY 
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CIRCUIT DESCRIPTION 

The MC3367 is an FM narrowband receiver capable 
of operation to 75 MHz. The low voltage design yields 
low power drain and excellent sensitivity in narrowband 
voice and data link applications. In the typical applica- 
tion the mixer amplifies the incoming RF or IF signal 
and converts the RF or IF frequency to 455 kHz. This 
signal is then filtered by a 455 ceramic filter and applied 
to the first intermediate frequency (IF) amplifier input. 
This amplifier amplifies the 455 kHz IF before it is filtered 
by a second ceramic filter. The modulated IF signal is 
then applied to the limiting IF amplifier and detector 
circuitry. Audio is recovered by a conventional quad- 
rature detector. 

Features available include buffers for audio/data 
amplification and active filtering, on board voltage reg- 
ulator, low battery detection circuitry with program- 
mable level, and receiver disable circuitry. The MC3367 
is an FM utility receiver to be used for voice and/or 
narrowband data reception, especially suitable where 
extremely low power consumption and high design 
flexibility are required. 


FIGURE 4 — DRAIN versus SUPPLY 


loc (uA) 


= 
es 
be 
= 
= 
a 
a 
Cs 


V47 (mV) 


APPLICATION 

The MC3367 can be used as a high performance FM 
IF for use in low power dual conversion receivers. 
Because of the MC3367’'s extremely good sensitivity 
(0.6 nV for 20 dB (S+N)/N, see Figure 5), it can also 
be used as a stand alone single conversion narrow- 
band receiver to 75 MHz for applications not sensitive 
to image frequency interference. 

The oscillator is a Colpitts type which can be run as 
an LC oscillator or under crystal control. The crystal 
in Figure 2 is a 3rd overtone series mode type, and 
the 1.2 wH coil (L1) and 1.0 kQ resistor are needed to 
ensure proper operation. For fundamental mode crys- 
tals, the inductor L1 can be omitted. 

The best adjacent channel and sensitivity response 
occur when two 455 kHz ceramic filters are used, as 
shown in Figure 2. Either can be replaced by a 0.1 uF 
coupling capacitor to reduce cost, but some degrada- 
tion in sensitivity and/or stability is suspected. 

The detector is a quadrature type, with the connec- 
tion from the limiter output to the detector input pro- 
vided internally as with the MC3359 and the MC3361. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-59 


09-2 
Vivd S0DIAAG SNOLLVOINNNNOOS TAL VIOHOLOW 


FIGURE 7 — CIRCUIT SCHEMATIC 
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A 455 kHz LC tank circuit must be provided externally. 
One of the tank pins (Pin 11) must be decoupled using 
a 0.1 wF capacitor. The 56 kQ damping resistor shown 
in Figure 2 determines the peak separation (and thus 
the detector bandwidth) of the detector. Smaller val- 
ues will increase the separation and bandwidth but 
decrease recovered audio and sensitivity. 

The data buffer is a non-inverting amplifier with a 
nominal voltage gain of 3.2 V/V. This buffer needs its 
dc bias (approx. 250 mV) provided externally or else 
debiasing will occur. A single-pole RC filter as shown 
in Figure 5 connecting the recovered audio output to 
the data buffer input provides the necessary dc bias and 
some post-detection filtering. The buffer can also be 
used as an active filter. 

The audio buffer is a non-inverting amplifier with a 
nominal voltage gain of 4.0 V/V. This buffer is self- 
biasing so its input should be ac coupled. The two 
buffers, when used as active filters, can be used 
together to allow simultaneous audio and very low- 
speed data reception. Another possible configuration 
is to receive audio only and include a noise-triggered 
squelch. “ 

The comparator is a non-inverting type with an open 
collector output. Typically the pull-up resistor used 
between Pin 15 and Vcc is 100 kQ. With Ry = 100 kO 


the comparator is capable of operation up to 25 kHz. 
This circuit is self-biasing, so its input should be ac 
coupled. 

The regulator is a 0.95 V reference capable of sourcing 
3.0 mA. This pin (Pin 17) needs to be decoupled using 
a 1.0-10 uF capacitor to maintain stability of the 
MC3367. 

All three Vcc’s on the MC3367 (Vcc, Vcc2, Vcc3) run 
on the same supply voltage. Vcc is typically decoupled 
using capacitors only. Vcc2 and Vcc3 should be 
bypassed using the RC bypasses shown in Figure 2. 
Eliminating the resistors on the Vcc2 and Vcc3 
bypasses may be possible in some applications, but a 
reduction in sensitivity and quieting will likely occur. 

The low battery detection circuit gives an NPN open 
collector output at Pin 20 which drops low when the 
MC3367 supply voltage drops below 1.1 V. Typically it 
would be pulled up via a 100 k resistor to supply. 

The 1.2 V Select pin, when connected to the MC3367 
supply, programs the low battery detector to trip at Vcc 
< 1.1 V. Leaving this pin open raises the trip voltage on 
the low battery detector. 

Pin 16 is a receiver enable, which is connected to Vcc 
for normal operation. Connecting this pin to ground 
shuts off receiver and reduces current drain to Icc < 
0.5 pA. 
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Specifications and Applications 
Information 


CONTINUOUSLY VARIABLE SLOPE 
DELTA MODULATOR/DEMODULATOR 


Providing a simplified approach to digital speech encodirig/ 
decoding, the MC3517/18 series of CVSDs is designed for military 
‘secure communication and commercial telephone applications. 
A single IC provides both encoding and decoding functions. 


Encode and Decode Functions on the Same Chip with 

a Digital Input for Selection 
Utilization of Compatible [2L — Linear Bipolar Technology 
CMOS Compatible Digital Output 


Digital Input Threshold Selectable (Vcc/2 reference 
provided on chip) 


MC3417/MC3517 has a 3-Bit Algorithm (General 
Communications) 


MC3418/MC3518 has a 4-Bit Algorithm (Commercial Telephone) 


CVSD BLOCK DIAGRAM 


Encode/ 
Decode Clock 


15 
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Filter 
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MC3417, MC3517 
MC3418, MC3518 


CONTINUOUSLY VARIABLE 
SLOPE DELTA 
MODULATOR/DEMODULATOR 


LASER-TRIMMED 
INTEGRATED CIRCUIT 


‘1 


L SUFFIX 
CERAMIC PACKAGE 
CASE 620-10 


P SUFFIX 
PLASTIC PACKAGE 
CASE 648-08 


DW SUFFIX 
& PLASTIC PACKAGE 
CASE 751G-01 
SO-16L 


PIN CONNECTIONS 


Analog 
Input 


Analog 
Feedback 


Syllabic 
Filter 


Gain 
Control 


Ref 
Input (+) 


Filter Coincidence 
Output 


VCC/2 


Digital 
Output 


ORDERING INFORMATION 


Temperature 
Device Package Range 


MC3417L Ceramic DIP 0°C to +70°C 
MC3418DW Plastic SOIC 0°C to + 70°C 
Ceramic DIP 0°C to +70°C 
Plastic DIP 0°C to + 70°C 
Ceramic DIP —55°C to + 125°C 
Ceramic DIP — 58°C to + 125°C 


MC3418L 
MC3418P 
MC3517L 
MC3518L 
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MAXIMUM RATINGS 
(All voitages referenced to Veg, Ta = 25°C unless otherwise noted.) 


Digital Threshold Voltage VTH -0.4to Vcc 


Logic Input Voltage 
(Clock, Digital Data, Encode/Decode) 


Coincidence Output Voltage 
| Vusyt) 
V1(GC) 


Reference Input Voltage 
Vec/2 Output Current 


ELECTRICAL CHARACTERISTICS 
(Vcc = 12 V, VEE = Gnd, Ta = 0°C to + 70°C for MC3417/18, Ta = —55°C to + 125°C for MC3517/18 unless otherwise noted.) 


Characteristic 


Power Supply Current (Figure 1) 
(@ Idle Channel) 
(Vcc = 5.0 V, All except MC3418P,DW) 
(Vcc = 5.0 V, MC3418P,DW) 
(Vcc = 15 V, All except MC3418P,DW) 
(Vcc = 15 V, MC3418P,DW) 


Analog Comparator Input Range 
(Pins 1 and 2) 
(4.75 V < Vcc < 16.5 V) 


Analog Output Range (Pin 7) 
(4.75V <Vecc <= 16.5 V, lo = 


Input Bias Currents (Figure 3) 
(Comparator in Active Region) 
Analog Input (11) 
Analog Feedback (I2) 
Syllabic Filter Input (13) 
Reference Input (15) 


Input Offset Current 
(Comparator in Active Region) 
Analog Input/Analog Feedback 
|l11—12| — Figure 3 
Integrator Amplifier 
\15—16| — Figure 4 


Transconductance 
V/l Converter, 0 to 3.0 mA 
Integrator Amplifier, 0 to +5.0 mA Load 


Propagation Delay Times (Note 1) 
Clock Trigger to Digital Output 
(CL = 25 pF to Gnd) 
Clock Trigger to Coincidence Output 
(CL = 25 pF to Gnd) 
(RL = 4.0 kQ to Vec) 


Coincidence Output Voltage — VOL(Con) 
Low Logic State 
(lOL(Con) = 3-0 mA) 
Coincidence Output Leakage Current — IOH(Con) 
High Logic State 
(VOH = 15 V, O°C < Ta = 70°C) 


NOTE 1. All propagation delay times measured 50% to 50% from the negative going (from Vcc to +0.4 V) edge of the clock. 
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ELECTRICAL CHARACTERISTICS (continued) 


Digital Threshold Input Current 

(1.2V < Vth < Vcc — 2.0 V) 
(Vit applied to Pins 13, 14 and 15) 
(Vij applied to Pins 13, 14 and 15) 


Vcc/2 Generator Tolerance a 
(4.75 V <= Vcc 16.5 V) 


+3.5 
Logic Input Voltage (Pins 13, 14 and 15) 
Low Logic State. Vth — 0.4 Gnd 
High Logic State 18 Vth + 0.4 


Dynamic Total Loop Offset Voltage 
(Note 2) — Figures 3, 4 and 5 
Igc = 12 vA, Vec = 12V | 
Ta = 25°C (All except 3418P,DW) 
(MC3418P,DW) 
0°C <= Ta < +70°C (MC3417/18L) 
(MC3418P,DW) 
— 55°C <= Ta =< + 125°C (MC3517/18) 
IGc = 33 wA, Vcc = 12 V 
Ta = 25°C 
o°C <= Ta = +70°C (MC3417/18) 
—55°C < Ta < +125°C (MC3517/18) 
Igc = 12 pA, Vcc = 5.0 V 
Ta = 25°C (All except MC3418P,DW) 
: (MC3418P,DW) 
0°C < Ta < +70°C (MC3417/18L) 
(MC3418P,DW) 
— 55°C < Ta = +125°C (MC3517/18) 
IGc = 33 nA, Vcc = 5.0 V 
Ta = 25°C 
0°C = Ta = +70°C (MC3417/18) — 
—55°C < Ty < +125°C (MC3517/18) = 


It It I+ I+ I+ 
Ro 2 a a oe 
WMwWwoo 


Digital Output Voltage 
(lIoL = 3.6 mA) 
(IOH = —0.35 mA) Vcc 


0 
— 1.0 | Vcc -0.2 
Syllabic Filter Applied Voltage (Pin 3) Vi(Syl) +3.2 Vcc +3.2 Vcc Vde 
(Figure 2) 


Integrating Current (Figure 2) 


1 
(Igo = 12 pA). O- ; 10 
(Igc = 1.5 mA) (All except 3418P,DW) ‘ , : : 1.5 
(MC3418P,DW) 


(Igc = 3.0 mA) 


Dynamic Integrating Current Match 
(IGc = 1.5 mA) Figure 6 
(All except MC3418P,DW) . 
(MC3418P,DW) 


Input Current — High Logic State 
(ViH_ = 18 V) 
Digital Data Input . 
Clock Input 
.. Encode/Decode Input 


Input Current — Low Logic State 
(Vit = OV) 
Digital Data Input 
. Clock Input 
Encode/Decode Input 
Clock Input, Vip = 0.4 V | 


NOTE 2. Dynamic total loop offset ({Voffset) equals Vig (comparator) (Figure 3) minus Vigx (Figure 5). The input offset voltages of the analog comparator 
and of the integrator amplifier include the effects of input offset current through the input resistors. The slope polarity switch current mismatch 
appears as an average voltage across the 10 k integrator resistor. For the MC3417/MC3517, the clock frequency is 16 kHz. For the MC3418/ 
MC3518, the clock frequency is 32 kHz. Idle channel performance is guaranteed if this dynamic total loop offset is less than one-half of the 
change in integrator output voltage during one clock cycle (ramp step size). Laser trimming is used to insure good idle channel performance. 
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DEFINITIONS AND FUNCTION OF PINS 


Pin 1 — Analog Input 

This is the analog comparator inverting input where 
the voice signal is applied. It may be ac or dc coupled 
depending on the application. If the voice signal is to 
be level shifted to the internal reference voltage, then 
a bias resistor between Pins 1 and 10 is used. The resis- 
tor is used to establish the reference as the new dc 
average of the ac coupled signal. The analog compar- 
ator was designed for low hysteresis {typically less than 
0.1 mV) and high gain (typically 70 dB). 


Pin 2 — Analog Feedback 

This is the noninverting input to the analog signal 
comparator within the IC. In an encoder application it 
should be connected to the analog output of the encoder 
circuit. This may be Pin 7 or a low pass filter output 
connected to Pin 7. In a decode circuit Pin 2 is not used 
and may be tied to Vcc/2 on Pin 10, ground or left open. 

The analog input comparator has bias currents of 
1.5 uA max, thus the driving impedances of Pins 1 and 
2 should be equal to avoid disturbing the idle channel 
characteristics of the encoder. 


Pin 3 — Syllabic Filter 

This is the point at which the syllabic filter voltage is 
returned to the IC in order to control the integrator step 
size. It is an NPN input to an op amp. The syllabic filter 
consists of an RC network between Pins 11 and 3. Typ- 
ical time constant values of 6.0 ms to 50 ms are used 
in voice codecs. 


Pin 4 — Gain Control Input 

The syllabic filter voltage appears across Cs of the 
syllabic filter and is the voltage between Vcc and 
Pin 3. The active voltage to current (V—I) converter 
drives Pin 4 to the same voltage at a slew rate of 
typically 0.5 V/us. Thus the current injected into Pin 4 
(IGc) is the syllabic filter voltage divided by the Ry 
resistance. Figure 7 shows the relationship between 
IGc (x-axis) and the integrating current, ljp¢ (y-axis). 
The discrepancy, which is most significant at very low 
currents, is due to circuitry within the slope polarity 
switch which enables trimming to a low total loop 
offset. The Ry resistor is then varied to adjust the loop 
gain of the codec, but should be no larger than 5.0 kN 
to maintain stability. 


Pin 5 — Reference Input 

This pin is the noninverting input of the integrator 
amplifier. It is used to reference the dc level of the output 
signal. In an encoder circuit it must reference the same 
voltage as Pin 1 and is tied to Pin 10. 


Pin 6 — Filter Input 

This inverting op amp input is used to connect the 
integrator external components. The integrating cur- 
rent (Ijnt) flows into Pin 6 when the analog input (Pin 1) 
is high with respect to the analog feedback (Pin 2) in 


the encode mode or when the digital data input 
(Pin 13) is high in the decode mode. For the opposite 
states, ljnt flows out of Pin 6. Single integration sys- 
tems require a capacitor and resistor between Pins 6 
and 7. Multipole configurations will have different cir- 
cuitry. The resistance between Pins 6 and 7 should 
always be between 8.0 kQ. and 13 kQ. to maintain good 
idle channel characteristics. 


Pin 7 — Analog Output 

This is the integrator op amp output. It is capable 
of driving a 600-ohm load referenced to Vcc/2 to 
+6.0 dBm and can otherwise be treated as an op amp 
output. Pins 5, 6, and 7 provide full access to the inte- 
grator op amp for designing integration filter net- 
works. The slew rate of the internally compensated 
integrator op amp is typically 0.5 V/us. Pin 7 output 
is current limited for both polarities of current flow at 
typically 30 mA. 


Pin 8 — Veg 

The circuit is designed to work in either single or dual 
power supply applications. Pin 8 is always connected 
to the most negative supply. 


Pin 9 — Digital Output 

The digital output provides the results of the delta 
modulator’s conversion. It swings between Vcc and 
VEE and is CMOS or TTL compatible. Pin 9 is inverting 
with respect to Pin 1 and non-inverting with respect to 
Pin 2. It is clocked on the falling edge of Pin 14. The 
typical 10% to 90% rise and fall times are 250 ns and 
50 ns respectively for Vcc = 12 V and CL = 25 pF to 
ground. 


Pin 10 — V¢c/2 Output 

An internal low impedance mid-supply reference is 
provided for use of the MC3417/18 in single supply 
applications. The internal regulator is a current source 
and must be loaded with a resistor to insure its sinking 
capability. If a +6.0 dBmo signal is expected across 
a 600 ohm input bias resistor, then Pin 10 must sink 
2.2 V/600 1 = 3.66 mA. This is only possible if Pin 10 
sources 3.66 mA into a resistor normally and will 
source only the difference under peak load. The ref- 
erence load resistor is chosen accordingly. A 0.1 uF 
bypass capacitor from Pin 10 to Veg is also recom- 
mended. The Vcc/2 reference is capable of sourcing 
10 mA and can be used as a reference elsewhere in 
the system circuitry. 


Pin 11 — Coincidence Output 

The duty cycle of this pin is proportional to the voltage 
across Cs. The coincidence output will be low whenever 
the content of the internal shift register is all 1s or all 
Os. In the MC3417 the register is 3 bits long while the 
MC3418 contains a 4 bit register. Pin 11 is an open col- 


lector of an NPN device and requires a pull-up resistor. 
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If the syllabic filter is to have equal charge and discharge 
time constants, the value of Rp should be much less 
than Rs. In systems requiring different charge and dis- 
charge constants, the charging constant is RCs while 
the decaying constant is (Rg + Rp)Cs. Thus longer 
decays are easily achievable. The NPN device should 
not be required to sink more than 3.0 mA in any con- 
figuration. The typical 10% to 90% rise and fall times 
are 200 ns and 100 ns respectively for RL = 4.0 kQ to 
+12 V and CL = 25 pF to ground. 


Pin 12 — Digital Threshold 

This input sets the switching threshold for Pins 13, 
14, and 15. It is intended to aid in interfacing different 
logic families without external parts. Often it is con- 
nected to the Vcc/2 reference for CMOS interface or can 
be biased two diode drops above V_¢ for TTL interface. 


Pin 13 — Digital Data Input | | 

In a decode application, the digital data stream is 
applied to Pin 13. In an encoder it may be unused or 
may be used to transmit signaling message under the 
control of Pin 15. It is an inverting input with respect to 
Pin 9. When Pins 9 and 13 are connected, a toggle flip- 
flop is formed and a forced idle channel pattern can be 
transmitted. The digital data input level should be main- 


FIGURE 1 — POWER SUPPLY CURRENT 


CVSD 
MC3517 
MC3518 


‘tained for 0.5 us before and after the clock trigger for 


proper clocking. 


Pin 14 — Clock Input 

The clock input determines the data rate of the 
codec circuit. A 32K bit rate requires a 32 kHz clock. 
The switching threshold of the clock input is set by 
Pin 12. The shift register circuit toggles on the falling 
edge of the clock input. The minimum width for a 
positive-going pulse on the clock input is 300 ns, 
whereas for a negative-going pulse, it is 900 ns. 


Pin 15 — Encode/Decode 

This pin controls the connection of the analog input 
comparator and the digital input comparator to the 
internal shift register. If high, the result of the analog 
comparison will be clocked into the register on the fall- 
ing edge at Pin 14. If low, the digital input state will be 
entered. This allows use of the IC as an encoder/decoder 
or simplex codec without external parts. Furthermore, 
it allows non-voice patterns to be forced onto the trans- 
mission line through Pin 13 in an encoder. 


Pin 16 — Vcc 
The power supply range is from 4.75 to 16.5 volts 
between Pin Vcc and Veg. 


FIGURE 2 — Igcr, GAIN CONTROL RANGE and 
lint — INTEGRATING CURRENT 


CVvsD , Digital 
MC3517 Data Input 
MC3518 
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Output 
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Note: Digital Output = Digital Data Input 


*For static testing, the clock is only necessary for 
preconditioning to obtain proper state for a given input. 
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FIGURE 3 — INPUT BIAS CURRENTS, ANALOG 
COMPARATOR OFFSET VOLTAGE AND CURRENT 


V1O(comparator) 


Clock 


CVSD 
MC3517 
MC3518 


Note: The analog comparator offset voitage is tested 
under dynamic conditions and therefore must 
be measured with appropriate filtering. 


FIGURE 5 — V/I CONVERTER OFFSET VOLTAGE, 
Vio and Viox 


*32 kHz MC3418/MC3518 
16 kHz MC3417/MC3517 


CVSD 
MC3517 
MC3518 
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pius Slope 
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Note: Vijox is the average voltage of the triangular 
waveform observed at the measurement points. 


FIGURE 4 — INTEGRATOR AMPLIFIER OFFSET 
VOLTAGE AND CURRENT 
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FIGURE 6 — DYNAMIC INTEGRATING CURRENT MATCH 


CVSD 
MC3517 
MC3518 


Vo(AV) 
(Note 1) 


*32 kHz MC3418/MC3518 
16 KHz MC3417/MC3517 
Notes: 1. Vo(Ay), Dynamic Integrating Current Match, is the average 
voltage of the triangular waveform observed at the mea- 
surement points, across 10 kQ resistor with Igc = 1.5 mA. 
2. See Note 2 of the Electrical Characteristics, Page 3. 
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TYPICAL PERFORMANCE CURVES 


FIGURE 8 — NORMALIZED DYNAMIC 


FIGURE 7 — TYPICAL Ijn¢ versus Iqc (Mean + 20) . INTEGRATING CURRENT MATCH versus Vcc 
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FIGURE 11 — BLOCK DIAGRAM OF THE CVSD ENCODER 
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FIGURE 12 — CVSD WAVEFORMS 
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FIGURE 13 — BLOCK DIAGRAM OF THE CVSD DECODER 
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FIGURE 14 — 16 kHz SIMPLEX VOICE CODEC 
(Using MC3417, Single Pole Companding and Single Integration) 
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CIRCUIT DESCRIPTION 


The continuously variable slope delta modulator 
(CVSD) is a simple alternative to more complex conven- 
tional conversion techniques in systems requiring digital 
communication of analog signals. The human voice is 
analog, but digital transmission of any signal over great 
distance is attractive. Signal/noise ratios do not vary with 
distance in digital transmission and multiplexing, 
switching and repeating hardware is more economical and 
easier to design. However, instrumentation A to D con- 
-verters do not meet the communications. requirements. 
The CVSD A to D is weil suited to the requirements of 
digital communications and is an economically efficient 
means of digitizing analog inputs for transmission. 


The Delta Modulator 

The innermost control loop of a CVSD converter is 
a simple delta modulator. A block diagram CVSD Encoder 
is shown in Figure 11. A delta modulator consists of a 
comparator in the forward path and an integrator in 
the feedback path of a simple control loop. The inputs 
to the comparator are the input analog signal and the 
integrator output. The comparator output reflects the 


sign of the difference between the input voltage and 
the integrator output. That sign bit is the digital output 
and also controls the direction of ramp in the integrator. 
The comparator is normally clocked so as to produce 
a synchronous and band limited digital bit stream. 

If the clocked serial bit stream is transmitted, 
received, and delivered to a similar integrator at a remote 
point, the remote integrator output is a copy of the 
transmitting contro! loop integrator output. To the 
extent that the integrator at the transmitting locations 
tracks the input signal, the remote receiver reproduces 


the input signal. Low pass filtering at the receiver output - 


will eliminate most of the quantizing noise, if the clock 
rate of the bit stream is an octave or more above the 
bandwidth of the input signal. Voice bandwidth is 4 kHz 
and clock rates from 8 k and up are possible. Thus the 
delta modulator digitizes and transmits the analog input 
to a remote receiver. The serial, unframed nature of the 
data is ideal for communications networks. With no 
input at the transmitter, a continuous one zero alternation 
is transmitted. If the two integrators are made leaky, then 
during any loss of contact the receiver output decays to 
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CIRCUIT DESCRIPTION (continued) 


zero and receive restart begins without framing when the 
receiver reacquires. Similarly a delta modulator is tolerant 
of sporadic bit errors. Figure 12 shows the delta modu- 
lator waveforms while Figure 13 shows the corresponding 
CVSD decoder block diagram. 


The Companding Algorithm 

The fundamental advantages of the delta modulator 
are its simplicity and the serial format of its output. 
Its limitations are its ability to accurately convert the 
input within a limited digital bit rate. The analog input 
must be band limited and amplitude limited. The fre- 
quency limitations are governed by the nyquist rate while 
the amplitude capabilities are set by the gain of the 
integrator. 

The frequency limits are bounded on the upper end; 
that is, for any input bandwidth there exists a clock 
frequency larger than that bandwidth which will trans- 
mit the signal with a specific noise level. However, the 
amplitude limits are bounded on both upper and lower 
ends. For a signal level, one specific gain will achieve an 
optimum noise level. Unfortunately, the basic delta 
modulator has a small dynamic range over which the 
noise level is constant. 

The continuously variable slope circuitry provides 
increased dynamic range by adjusting the gain of the 
integrator. For a given clock frequency and input 
bandwidth the additional circuitry increases the delta 
modulator’s dynamic range. External to the basic 
delta modulator is an algorithm which monitors the 
past few outputs of the delta modulator in a simple 
shift register. The register is 3 or 4 bits long depending on 
the application. The accepted CVSD algorithm simply 
monitors the contents of the shift register and indicates 


if it contains all 1s or Os. This condition is called coinci- 
dence. When it occurs, it indicates that the gain of the 
integrator is too small. The coincidence output charges 
a single pole low pass filter. The voltage output of this 
syllabic filter controls the integrator gain through a pulse 
amplitude modulator whose other input is the sign bit 
or up/down control. 

The simplicity of the all ones, all zeros algorithm 
should not be taken lightly. Many other control algo- 
rithms using the shift register have been tried. The key to 
the accepted algorithm is that it provides a measure of 
the average power or level of the input signal. Other 
techniques provide more instantaneous information 
about the shape of the input curve. The purpose of 
the algorithm is to control the gain of the integrator 
and to increase the dynamic range. Thus a measure of 
the average input level is what is needed. 

The algorithm is repeated in the receiver and thus 
the level data is recovered in the receiver. Because the 
algorithm only operates on the past serial data, it changes 
the nature of the bit stream without changing the channel 
bit rate. 

The effect of the algorithm is to compand the input 
signal. If a CVSD encoder is played into a basic delta 
modulator, the output of the delta modulator will reflect 
the shape of the input signal but all of the output will 
be at an equal level. Thus the algorithm at the output is 
needed to restore the level variations. The bit stream 
in the channel is as if it were from a standard delta modu- 
lator-with a constant level input. 

The delta modulator encoder with the CVSD algorithm 
provides an efficient method for digitizing a voice input 
in a manner which is especially convenient for digital 
communciations requirements. 


APPLICATIONS INFORMATION 
CVSD DESIGN CONSIDERATIONS 


A simple CVSD encoder using the MC3417 or MC3418 
is shown in Figure 14. These ICs are general purpose 
CVSD building blocks which allow the system designer 
to tailor the encoder’s transmission characteristics to 
the application. Thus, the achievable transmission capa- 
bilities are constrained by the fundamental limitations 
of delta modulation and the design of encoder param- 
eters. The performance is not dictated by the internal 
configuration of the MC3417 and MC3418. There are 
seven design considerations involved in designing 
these basic CVSD building blocks into a specific codec 
application, and they are as follows: 


1. Selection of clock rate 


Required number of shift register bits 

. Selection of loop gain 

. Selection of minimum step size 

. Design of integration filter transfer function 
. Design of syllabic filter transfer function 

. Design of low pass filter at the receiver 


NOORWN 


The circuit in Figure 14 is the most basic CVSD circuit 
possible. For many applications in secure radio or other 
intelligible voice. channel requirements, it is entirely 
sufficient. In this circuit, items 5 and 6 are reduced to 
their simplest form. The syllabic and integration filters 
are both single pole networks. The selection of items 
1 through 4 govern the codec performance. 
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CVSD DESIGN CONSIDERATIONS (continued) 


Layout Considerations 


Care should be exercised to isolate all digital signal 
paths (Pins 9, 11, 13, and 14) from analog signal paths 
(Pins 1-7 and 10) in order to achieve proper idle channel 
performance. 


Clock Rate 

With minor modifications the in Figure 14 
may be operated anywhere from 9.6 kHz to 64 kHz 
clock rates. Obviously the higher the clock rate the higher 
the S/N performance. The circuit in Figure 14 typically 
produces the S/N performance shown in Figure 15. 
The selection of clock rate is usually dictated by the 
bandwidth of the transmission medium. Voice band- 
width systems will require no higher than 9600 Hz. 
Some radio systems will allow 12 kHz. Private 4-wire 
telephone systems are often operated at 16 kHz and 
commercial telephone performance can be achieved 
at 32K bits and above. Other codecs may use bit rates 
up to 200K bits/sec. 


mien 


circuit 


FIGURE 15 — SIGNAL-TO-NOISE PERFORMANCE 
OF MC3417 WITH SINGLE INTEGRATION, SINGLE-POLE 
' AND COMPANDING AT 16K BITS — TYPICAL 
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Shift Register Length (Algorithm) 

The MC3417 has a three-bit algorithm and the MC3418 
has a four-bit algorithm. For clock rates of 16 kHz and 
below, the 3-bit algorithm is well suited. For 32 kHz 
and higher clock rates, the 4-bit system is preferred. 
Since the algorithm records a fixed past history of the 
input signal, a longer shift register is required to obtain 
the same internal hsitory. At 16 bits and below, the 
4-bit algorithm will produce a slightly wider dynamic 
range at the expense of level change response. Basically 
the MC3417 is designed for low bit rate systems and the 
MC3418 is intended for high performance, high bit rate 
system. At bit rates above 64K bits either part will 
work well. 


Selection of Loop Gain 
The gain of the circuit in Figure 14 is set by resistor 

Ry. Rx must be selected to provide the proper integrator 
step size for high level signals such that the companding 
ratio does not exceed about 25%. The companding ratio 
is the active low duty cycle of the coincidence output on 
Pin 11 of the codec circuit. Thus the system gain is depen- 
dent on: 

1. The maximum level and frequency of the input 

signal. 
2. The transfer function of the integration filter. 


For voice codecs the typical input signal is taken to be 
a sine wave at 1 kHz of 0 dBmo level. In practice, the 
useful dynamic range extends about 6 dB above the design 
level. In any system the companding ratio should not 
exceed 30%. 

To calculate the required step size current, we must 
describe the transfer characteristics of the integration 
filter. In the basic circuit of Figure 14, a single pole of 
160 Hz is used. 


Ry = 10 kQ, Cy = 0.1 pF. 
: =e KS 
lj C(S+1/RC) Stwo 
Wo =2nf 
103 =Wo- 2nf 
f = 159.2 Hz 
Note that the integration filter produces a single-pole 

response from 300 to 3 kHz. The current required to 
move the integrator output a specific voltage from zero 


is simply: ay 
heal ® 3 
‘ ra 


Now a 0O dBmo sine wave has a peak value of 1.0954 
volts. In 1/8 of a cycle of a sine wave centered around 
the zero crossing, the sine wave changes by approximately 
its peak value. The CVSD step should trace that change. 
The required current for a0 dBm 1 kHz sine wave is: 


AV, 0.1 MF (1.1) 
'  *9(10kQ) ~=—-0.125 ms 


*The maximum voltage across Ry when maximum 
slew is required is: 


Vo 


C 
ve 


= 


= 0.935 mA 


1.1V 
2 


Now the voltage range of the syllabic filter is the 


power supply voltage, thus: 


1 
Ry ODs Al ees eee 
x (VCC) 9935 ma 


A similar procedure can be followed to establish the 
proper gain for any input level and integration filter type. 
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CVSD DESIGN CONSIDERATIONS (continued) 


Minimum Step Size 

The final parameter to be selected for the simple codec 
in Figure 14 is idle channel step size. With no input signal, 
the digital output becomes a one-zero alternating pattern 
and the analog output becomes a small triangle wave. 
Mismatches of internal currents and offsets limit the 
minimum step size which will produce a perfect idle 
channel pattern. The MC3417 is tested to ensure that 
a 20 mVp-p minimum step size at 16 kHz will attain a 
proper idle channel. The idle channel step size must be 
twice the specified total loop offset if a one-zero idle 
pattern is desired. In some applications a much smaller 
minimum step size (e.g., 0.1 mV) can produce quiet 
performance without providing a 1-0 pattern. 

To set the idle channel step size, the value of Rmin 
must be selected. With no input signal, the slope control 
algorithm is inactive. A long series of ones or zeros never 
occurs. Thus, the voltage across the syllabic filter capaci- 
tor (Cs) would decay to zero. However, the voltage 
divider of Rs and Rmin (see Figure 14) sets the minimum 
allowed voltage across the syllabic filter capacitor. That 
voltage must produce the desired ramps at the analog 
output. Again we write the filter input current equation: 


For values of Vg near Vcc/2 the Vo/R term is negli- 
gible; thus 


where AT is the clock period and AV o is the desired 
peak-to-peak value of the idle output. For a 16K-bit 
system using the circuit in Figure 14 


_ 0.1 uF 20mV 


l; 
62.5 us 


= 33 uA 
The voltage on Cs which produces a 33 WA current is 
determined by the value of Rx. 


{Rx = Vgmin; for 33 uA, Vgmin = 41.6 mV 


In Figure 14 Rg is 18 k{2. That selection is discussed 
with the syllabic filter considerations. The voltage divider 
of Rs and Rmijn must produce an output of 41.6 mV. 


Rs 


ee Rmin = 2.4 MQ 
Rs + Rmin 


VCC = Vsmin 


Having established these four parameters — clock rate, 
number of shift register bits, loop gain and minimum 
step size — the encoder circuit in Figure 14 will function 


at near optimum performance for input levels around 
0 dBm. 


INCREASING CVSD PERFORMANCE 


Integration Filter Design 

The circuit in Figure 14 uses a single-pole integration 
network formed with a 0.1 uF capacitor and a 10 kQ 
resistor. It is possible to improve the performance of the 
circuit in Figure 14 by 1 or 2 dB by using a two-pole 
integration network. The improved circuit is shown. 

The first pole is still placed below 300 Hz to provide 
the 1/S voice content curve and a second pole is placed 
somewhere above the 1 kHz frequency. For telephony 
circuits, the second pole can be placed above 1.8 kHz 
to exceed the 1633 touchtone frequency. In other com- 
munication systems, values as low as 1 kHz may be 
selected. In general, the lower in frequency the second 
pole is placed, the greater the noise improvement. Then, 
to ensure the encoder loop stability, a zero is added to 
keep the phase shift less than 180°. This zero. should 
be placed slightly above the low-pass output filter break 
frequency so as not to reduce the effectiveness of the 
second pole. A network of 235 Hz, 2 kHz and 5.2 kHz 
is typical for telephone applications while 160 Hz, 
1.2 kHz and 2.8 kHz might be used in voice only channels. 
(Voice only channels can use an output low-pass filter 
which breaks at about 2.5 kHz.) The two-pole network 
in Figure 16 has a transfer function of: 


1 
RoRi{S+ 
: i( 1] 


: 1 1 
R9C9(Roq + Ri) {S + ———-_——_ JS {+ —— 
an ( (Ro + ie ec) 


FIGURE 16 — IMPROVED FILTER CONFIGURATION 


Vo 
lj 


Analog OutputO 


These component values are for the telephone channel circuit poles described in 
the text. The R2, C2 product can be provided with different values of R and C. R2 
should be chosen to be equal to the termination resistor on Pin 1. 
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INCREASING CVSD PERFORMANCE (continued) 


Thus the two poles and the zero can be selected arbitrarily 
as long as the zero is at a higher frequency than the first 
pole. The values in Figure 16 represent one implementa- 
tion of the telephony filter requirement. 

The selection of the two-pole filter network effects 
the selection of the loop gain value and the minimum step 
size resistor. The required integrator current for a given 
change in voltage now becomes: 


V R2C R4C A 
lj = Sao eae TG, Vo 
Ro Ro AT 


= — + 
Ro 


Tuc R22) Ave" 
Ro AT2 

The calculation of desired gain resistor Ry then proceeds 
exactly as previously described. 


‘ 9C2C1 + 


Syllabic Filter Design 

The syllabic filter in Figure 14 is a simple single-pole 
network of 18 kQ2Q and 0.33 uF. This produces a 6.0 ms 
time constant for the averaging of the coincidence output 
signal. The voltage across the capacitor determines the 
integrator current which in turn establishes the step size. 
The integrator current and the resulting step size deter- 
mine the companding ratio and the S/N performance. 
The companding ratio is defined as the voltage across 
Cs/Vcc. 

The S/N performance may be improved by modifying 
the voltage to current transformation produced by Rx. 
If different portions of the total Ry are shunted by diodes, 
the integrator current can be other than (Vcc —Vs)/Rx. 
These breakpoint curves must be designed experimen- 
tally for the particular system application. In general, 
one would wish that the current would double with 
input level. To design the desired curve, supply current 
to Pin 4 of the codec from an external source. Input a 
signal level and adjust the current until the S/N perfor- 


mance is optimum. Then record the syllabic filter volt- 
age and the current. Repeat this for all desired signal 
levels. Then derive the resistor diode network which 
produces that curve on a curve tracer. 

Once the network is designed with the curve tracer, 
it is then inserted in place of Ry in the circuit and the 
forced optimum noise performance will be achieved 
from the active syllabic algorithm, 

Diode breakpoint networks may be very simple or 
moderately complex and can improve the usable dynamic 
range of any codec. In the past they have been used in 
high performance telephone codecs. 

Typical resistor-diode networks are shown in Figure 17. 


FIGURE 17 — RESISTOR-DIODE NETWORKS 


If the performance of more complex diode networks 
is desired, the circuit in Figure 18 should be used. It 
simulates the companding characteristics of nonlinear 
Rx elements in a different manner. 


Output Low Pass Filter 

A low pass filter is required at the receiving Circuit 
output to eliminate quantizing noise. In general, the lower 
the bit rate, the better the filter must be. The filter in 
Figure 20 provides excellent performance for 12 kHz 
to 40 kHz systems. 


TELEPHONE CARRIER QUALITY CODEC USING MC3418 


Two specifications of the integrated circuit are speci- 
fically intended to meet the performance requirements 
of commercial telephone systems. First, slope polarity 
switch current matching is laser trimmed to guarantee 
proper idle channel performance with 5 mV minimum 
step size and a typical 1% current match from 15 uA 
to 3 mA. Thus a 300 to 1 range of step size variation is 
possible. Second, the MC3418 provides the four-bit 
algorithm currently used in subscriber loop telephone 
systems. With these specifications and the circuit of Fig- 
ure 18, a telephone quality codec can be mass produced. 


The circuit in Figure 18 provides a 30 dB S/Nc ratio 
over 50 dB of dynamic range for a 1 kHz test tone at 
a 37.7K bit rate. At 37.7K bits, 40 voice channels may 
be multiplexed on a standard 1.544 megabit T1 facility. 
This codec has also been tested for 10-/ error rates with 
asynchronous and synchronous data up to 2400 baud 
and for reliable performance with DTMF signaling. Thus, 
the design is applicable in telephone quality subscriber 
loop carrier systems, subscriber loop concentrators and 
small PABX installations. 
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TELEPHONE CARRIER QUALITY CODEC USING MC3418 (continued) 


The Active Companding Network — 

The unique feature of the codec in Figure 18 is the 
step size control circuit which uses a companding ratio 
reference, the present step size, and the present syllabic 
filter output to establish the optimum companding 
ratios and step sizes for any given input level. The com- 
panding ratio of a CVSD codec is defined as the duty 
cycle of the coincidence output. It is the parameter mea- 
sured by the syllabic filter and is the voltage across Cs 
divided by the voltage swing of the coincidence output. 
In Figure 18, the voltage swing of Pin 11 is 6.0 volts. 
The operating companding ratio is analoged by the volt- 
age between Pins 10 and 4 by means of the virtual short 
across Pins 3 and 4 of the V to | op amp within the 
integrated circuit. Thus, the instantaneous companding 
ratio of the codec is always available at the negative 
input of A1. | 

The diode D1 and the gain of Ai and A2 provide a 
companding ratio reference for any input level. If the 
output of A2 is more than 0.7 volts below Vcc/2, then 
the positive input of A1 is (Vcc/2 — 0.7). The on diode 
drop at the input of Al represents a 12% companding 
ratio (12% = 0.7 V/6.0 V). 

The present step size of the operating codec is directly 
related to the voltage across Ry, which established the 


ey 
integrator current. In Figure 18, the voltage across Rx 
is amplified by the differential amplifier A2 whose out- 
put is single ended with respect to Pin 10 of the IC. — 

For large signal inputs, the step size is large and the 
output of A2 is lower than 0.7 volts. Thus D1 is fully on. 
The present step size is not a factor in the step size 
control. However, the difference between 12% com- 
panding ratio and the instantaneous companding ratio 
at Pin 4 is amplified by A1. The output of A1 changes 
the voltage across R, in a direction which reduces the 
difference between the companding reference and the 
operating ratio by changing the step size. The ratio of 
R4 and R3 determines how closely the voltage at Pin 4 
will be forced to 12%. The selection of R3 and R4 is 
initially experimental. However, the resulting compand- 
ing control is dependent on Rx, R3, R4, and the full diode 
drop D1. These values are easy to reproduce from codec 
to codec. . 

For small input levels, the companding ratio reference 
becomes the output of A2 rather than the diode drop. 
The operating companding ratio on Pin 4 is then com- 
pared to a companding ratio smaller than 12% which is 
determined by the voltage drop across Ry and the gain 
of A2 and A1. The gain of A2 is also experimentally 
determined, but once determined, the circuitry is easily 


FIGURE 18 — TELEPHONE QUALITY DELTAMOD CODER 
(Both double integration and active companding control are used to obtain improved CVSD performance. 
Laser trimming of the integrated circuit provides reliable idle channel and step size range characteristics.) 
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TELEPHONE CARRIER QUALITY CODEC USING MC3418 (continued) 


FIGURE 19 — SIGNAL-TO-NOISE PERFORMANCE repeated. 
ANB EREQUENG® BEStONSE : With no input signal, the companding ratio at Pin 4 
(Showing the improvement realized with aah It R t 

the circuit in Figure 18.) goes to zero an e voltage across Ry goes to zero. 
The voltage at the output of A2 becomes zero since 
there is no drop across Ry. With no signal input, the 

actively controlled step size vanished. 
The minimum step size is established by the 500 k 
resistor between Vcc and Vcc/2 and is therefore inde- 


a. SIGNAL-TO-NOISE PERFORMANCE OF TELEPHONY 
QUALITY DELTAMODULATOR 


o pendently selectable. 
Zz The signal to noise results of the active companding 
wi 50 dB ——__—_ network are shown in Figure 19. A smooth 2 dB drop is 
re 4 BIT ALGORITHM realized from +12 dBm to —24 under the control of A1. 
3 37.7K BITS At -24 dBm, A2 begins to degenerate the companding 
ha 1 kHz TEST TONE ; ree 
a C MESSAGE WEIGHT reference and the resulting step size is reduced so as to 
$ extend the dynamic range of the codec by 20 dBm. 
O The slope overload characteristic is also shown. The 
a active companding network produces improved perfor- 
mance with frequency. The 0 dBm slope overload point is 
raised to 4.8 kHz because of the gain available in control- 
_48 36 -24 412 0 12 ling the voltage across Rx. The curves demonstrate that 
INPUT LEVEL IN dBmo the level linearity has been maintained or improved.” 
b. FREQUENCY RESPONSE versus INPUT LEVEL The codec in Figure 18 is designed specifically for 
(SLOPE OVERLOAD CHARACTERISTIC) 37.7K bit systems. However, the benefits of the active 
companding network are not limited to high bit rate 
aeons systems. By modifying the crossover region (changing 
E the gain of A2), the active technique may be used to 
= pec ee UE improve the performance of lower bit rate systems. 
< The performance and repeatability of the codec in 
if Figure 18 represents a significant step forward in the art 
i and cost of CVSD codec designs. 
b 4 BIT ALGORITHM 
a 37.7 K BITS 
E 
a *A larger value for C2 is required in the decoder circuit 


than in the encoder to adjust the level linearity with 
frequency. In Figure 18, 0.050 uF would work well. 


19) 2kHz 4kHz 6kHz2z 8kHz 10kHz 


INPUT FREQUENCY IN Hz 


FIGURE 20 — HIGH PERFORMANCE ELLIPTIC FILTER FOR CVSD OUTPUT 
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Designed for 0.28 dB ripple in the pass band 
Wr = 3 kHz 
Ws = =6 kHz 
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FIGURE 21 — FULL DUPLEX/32K BIT CVSD VOICE CODEC USING MC3517/18 AND MC3503/6 OP AMP 
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Codec Components * Input Filter Specifications Filter Components 
Rx 1, Rx a- 3.3 kQ 12 dB/Octave Rolloff above 3.3 kHz R1— 9652 C1 —3.3 uF 
Rp1, Rpg — 3.3 k2 6 dB/Octave Rolloff below 50 Hz R2— 72 kQ C2 — 837 pF 
Rs1, Rgg — 100 kQ R3 — 72 kQ C3 — 536 pF 
Riq. Rig — 20 kQ Output Filter Specifications R4 — 63.46 kQ C4 — 1000 pF 
Ry2 -—1kQ Break Frequency — 3.3 kHz R5 — 127 kQ C5 — 222 pF 
Rui, Ru2 -5 M&2 (MC3417) Stop Band — 9 kHz R6 — 365.5 kQ C6 — 77 pF 
Minimum step size = 20 mV Stop Band Atten. — 50 dB R7 — 1.645 MQ C7 — 38 pF 
Ryi, Rez — 18 MQ (MC3418) Rolloff — > 40 dB/Octave R8 — 72 kQ C8 — 837 pF 
Minimum step size = 6 mV ; R9 — 72 kQ C9 — 536 pF 


R10 — 29.5 kQQ 


Cc — 0.05 uF 
$1, Csg2 — 0.05 u R11 —72kQ 


Ci, Cio — 0.05 uF 


2 MC3417 (or MC3418) 
1 MC3403 (or MC3406) 


Note: All Res. 0.1% to 1%. 
All Cap. 1.0% 


Note: All Res. 5% 
All Cap. 5% 
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COMPARATIVE CODEC PERFORMANCE 

The salient feature of CVSD codecs using the MC3517 
and MC3518 family is versatility. The range of codec 
complexity tradeoffs and bit rate is so wide that one 
cannot grasp the interdependency of parameters for 
voice applications in a few pages. 

Design of a specific codec must be tailored to the 
digital channel bandwidth, the analog bandwidth, the 
quality of signal transmission required and the cost 
objectives. To illustrate the choices available, the data in 
Figure 22 compares the signal-to-noise ratios and dynamic 
range of various codec design options at 32K bits. 
Generally, the relative merits of each design feature will 
remain intact in any application. Lowering the bit rate 
will reduce the dynamic range and noise performance 
of all techniques. As the bit rate is increased, the overall 
performance of each technique will improve and the need 
for more complex designs diminishes. 

Non-voice applications of the MC3517 and MC3518 
are also possible. In those cases, the signal bandwidth 
and amplitude characteristics must be defined before 
the specification of codec parameters can begin. How- 
ever, in general, the design can proceed along the lines of 
the voice applications shown here, taking into account the 
different signal bandwidth requirements. 


FIGURE 22 — COMPARATIVE CODEC PERFORMANCE — 
SIGNAL-TO-NOISE RATIO FOR 1kHz TEST TONE 
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These curves demonstrate the improved performance obtained 
with several codec designs of varying complexity. 


-35 


Curve a — Complex companding and double integration 
(Figure 18 — MC3418) 

Curve b — Double integration (Figure 14 using Figure 16 — 
MC3418) 

Curve c — Single integration (Figure 14 — MC3418) with 
6.0 mV step size 

Curve d — Single integration (Figure 14 — MC3417) with 
25 mV step size 
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TECHNICAL DATA 


SUBSCRIBER LOOP 
INTERFACE CIRCUIT 


TELEPHONE LINE-FEED CIRCUIT 


... designed as the heart of a circuit to provide BORSHT functions 
for telephone service in Central Office, PABX, and Subscriber Car- 
rier equipment. This circuit provides dc power for the telephone 
(Battery), Overvoltage protection, Supervision features such as 
hook status and dial pulsing, two-wire differential to four-wire 
single-ended conversions and suppression of longitudinal signals 
at the two-wire input (Hybrid), and facilitates ringing insertion, 
Ring trip detection and Testing. 
@ Totally Upward Compatible with the MC3419 
Ail Key Parameters Externally Programmable 
Current Sensing Outputs Monitor Status.of Both Tip and Ring 
Leads for Auxiliary Functions such as: Ground Key, Ring Trip, 
Message Waiting Lamp, etc. 


On-Hook Power Below 5.0 mW 

Digital Hook Status Output 

Powerdown Input | 

Ground Fault Protection L SUFFIX | 
Operates from Single — 20 V to —56 V Power Source tee eae 
Size and Weight Reduction Over Conventional Approaches 


The sale of this product is licensed under Patent No. 4,004,109. 
All royalties related to this patent are included in the unit price. 


(SLIC) 


BIPOLAR LASER-TRIMMED 
INTEGRATED CIRCUIT 


FUNCTIONAL BLOCK DIAGRAM 
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MAXIMUM RATINGS (Voltages Referenced to Vcc.) 


PIN CONNECTIONS 


Sense Current 


Steady State 
Pulse — Figure 4 


Storage Temperature Range —65 to +150) | 
Operating Junction Temperature TJ 150 
(0ja = 100°C/W Typ) 
[Rating | Symbol | Valwe [Unit 
Operating Ambient A 0 to +70 °C 
Temperature Range 
10 to 120 
Voltage VEE -20 to —56 Vdc 
Vos — 20 to VEE 
Analog Ground VAG 
(lL = 0 to 60 mA) 
(lL = 0 to 120 mA) 
RL 


T 
Supervisory Output Voltage Vrso, VTSO 
Compliance Range 
Hook Status Output VHSO +15 to — 20 Vde 
[| Loop Resistance | LO to 2500 


Transmit and Receive Gain Variation 
(Insertion Loss) 
(1.0 kHz @ 0 dBm Input) 


Transhybrid Rejection 
(Input — 1.0 kHz @ 0 dBm) 
Fixed (1%) Resistor Balance Network 
Trimmed Balance Network All Types 


Level Linearity (— 48 to +3.0 dBm, referenced to 
0 dBm @ 1.0 kHz) 
Transmission 
Reception 


Frequency Response (200-3400 Hz referenced to 
1.0 kHz @ 0 dBm) 
Transmission VIX/VL 
Reception VL/VRXx 
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TRANSMISSION CHARACTERISTICS (continued) (Ri, = 600 2 unless otherwise noted.) 


Idle Channel Noise (Vax = 0 V) Poa | 


Return Loss (referenced to 600 ohms) @ 1.0 kHz, 20 Lo Ro — 600 30 
0 dBm 9 |Ro + 600 
Longitudinal Induction (60 Hz) 2 VTX 
(LON = 35 mA RMS) 
Longitudinal Balance (200-3000 Hz) VTX/VLON: 
VL/VLON 


Characteristic 


Propagation Delay Tp, VRx to VL 
Vrx to ITx 


Supply Current — On-Hook 200 | 
0 


(VEE = Vap = 56 V, Ry > 100 MQ) Les 


Power Supply Noise Rejection 


(1.0 kHz @ 1.0 Vas) 
Quiet Battery Noise Rejection 


| (1.0 kHz @ 1.0 VRms) 


Fault Currents 
Tip to Vcc 
Ring to Vcc 
Tip to Ring 


Tip and Ring to Vcc 


IT; j : 
| Analog Ground Current 2 


Powerdown Logic Levels 


ns 
MS 
pA 
mW 
Sense Current mA/mA 

Tip ItTso/lTSI 0.19 

Ring IRSo’!RSI 0.19 
pA 


Vdc 
Vdc 


Hook Status Output Current 
(RL < 2.5 kO, Vyso = +0.4 Vdc) ; mA 
. VHSO = —0.4 Vdc) : mA 
(Ri > 10 kO, VHso = +12 Vdc) 
VHSO = —12 Vdc) 
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FIGURE 1 — AC TEST CIRCUIT 
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POI 90.09 k 
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9 
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(Tip & Ring) AC Termination Impedance, Ro = 600 0 Transmit and Receive Gain = 0 dB 
DC Feed Resistance, Rf = 400 0 Ai = MC1741N or Equivalent 


FIGURE 2 — LONGITUDINAL BALANCE TEST CIRCUIT 
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FIGURE 3 — SUPPLY NOISE REJECTION TEST CIRCUIT 


51.46 k 1.0 uF 


90.09 k a> 


90.09 k 


0.005 uF 
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(Tip & Ring) AC Termination Impedance, Ro = 600 2 Transmit and Receive Gain = 0 dB 
DC Feed Resistance, Re = 400 0 A1 = MC1741N or Equivalent . 


FIGURE 4 — TSO AND RSO SUPERVISORY OUTPUT TEST CIRCUIT 
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FIGURE 6 — LONGITUDINAL CAPACITY 


FIGURE 5 — QUIET BATTERY CURRENT lyop 
versus LOOP CURRENT I, 


(WW) INIHYND AYSLLVE LIND ‘SDA| 


IL. i LOOP CURRENT (mA) 


I, LOOP CURRENT (mA) (See Figure 3) 
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PIN DESCRIPTIONS 


| Name fantom 


The positive supply voltage. This point is ground in typical applications. 


Loop current sensing inputs. These are connected to the emitters of the PNP and NPN Darlington 
transistors. They are tied through 10 2 resistors to Vcc and Veg, respectively. The maximum 


es continuous current through these inputs is 240 mA. | 
3,7 BP & BN Base drive outputs. These pins drive the bases of the PNP and NPN transistors and are able to sink 

or source, respectively, up to 5.0 mA. 
i TSI & RSI Tip and Ring voltage Sensing Inputs. They are low impedance inputs (approximately 600 each 


Vcc 
| i.e., 400 2 + 3 diodes) that translate the voltages on Tip and Ring to a current through resistors 


Ry and Rp. TSI is referenced to Vcc and RSI is referenced to Vg. These pins have 6.0 V zener 
diodes (to their respective reference) for protection against overvoltage line surges. 


Compensation Capacitor pin. This pin is used to stabilize the longitudinal or common mode 
circuitry. 


Negative supply voltage. This pin ties to the chip substrate. Its operating voltage range is — 20 V to 
— 56 V. It can withstand — 60 V without damage and can sustain a voltage surge to — 75 V for less 
than 4.0 ms without significant degradation of performance. Most of the loop current and bias 

currents flow through this pin. 


10 Quiet Battery Voltage reference. This is the voltage reference for the RSI pin. Its voltage must not 
go more negative than Veg. The current through this pin, while powered up, is proportional to 
the loop current, allowing it to be used for loop current limiting. The voltage on this pin, less 4 
volts, is the “effective battery feed voltage for the 2-wire lines even though most of the power 
comes from the Veg supply. j 


VOB 
HST Hook Status Threshold programming resistor input. Ry determines the value of loop resistance at 
which on-hook and off-hook status is switched. 
TSO 
HSO 

TXO 

RXI 

VAG 


Tip Sense current Output. This output reflects the voltage status of the Tip terminal for voltages 
more negative than Vcc. The current is sourced from this output, it is one-sixth ITs], its voltage 
range is 0 V to —20 V and its saturation voltage is approximately — 2.0 V. 


Ring Sense current Output. This output reflects the voltage status of the Ring terminal for voltages 
more positive than Vgp. The current is sourced from this output, it is one-sixth IRs), its voltage 
HSO/ Hook Status Output. This is a digital output that reflects the condition of the loop resistance. If loop 
resistance is less than a predetermined value established by Ry, usually R_ < 2.5 kQ, the HSO 
pin will be active, i.e., with positive voltage logic (a resistor tied from a +5.0 V or +12 V supply 
to HSO), this pin will sink current to Vcc (VHso = 0 V); with negative voltage logic (a resistor 
tied from a —12 V supply to HSO), this pin will source current from Vcc (Vso = 0 V). If loop 


range is 0 to — 20 V and its saturation voltage is approximately — 2.0 V. 
resistance is greater than a predetermined value again established by the same resistor Ry, 


usually Ry > 10 kQ, the HSO pin is inactive, i.e., Vso = logic supply voltage. 


Powerdown Input pin. This pin is used to deny service to the subscriber. A logic level “O” (Vi, < 
—4.0 V) powers down the MC3419-1 except for HSO, TSO and RSO. The voltage range of this 
high impedance input pin is +15 V. 


Transmit current Output. This output sinks current to Vgp and is proportional to Its; + IRs) by a 
ratio of K1 where: K1 = 0.51. Its saturation voltage is Vgp + 2.5 V typ. (+3.5 V over the 
temperature range). This pin is only active during the off-hook power-up condition. 


Receive Input. This input sums ac currents from TXO and the receive voltage input (VR) and 
sources all the dc current to TXO. It has a low input impedance (15 (2) typically biased 4.5 V 

below the Vac pin voltage during off-hook power-up conditions. During powerdown conditions, 
the voltages on RXI and TXO can drift up to Vag. 


Analog Ground Voltage reference input. The input impedance of this pin is much greater than 1.0 MQ. 
It should be ac coupled to system ground and could be direct coupled if system ground is 
between 0 V and — 12 V. AC coupling requires 300 kQ to Vcc and 0.1 uF to system ground. If 
Vcc and system ground are common, tie VAG directly to Vcc. If dc loop currents are allowed to 
go higher than 60 mA, Vac should be biased from —2.5 V to — 12 V to avoid problems at high 
ambient temperatures. 


11 
12, 
13 
14 
17 
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FUNCTIONAL DESCRIPTION 


Referring to the functional block diagram on page 1, 
line sensing resistors (RR and Rt) at the TSI and RSI 
pins convert voltages at the Tip and Ring terminals into 
currents which are fed into current mirrors* A1 and A2. 
An output of A1 is mirrored by A3 and summed together 
with an output of A2 at the TXO terminal. Thus, a dif- 
ferential to single-ended conversion is performed from 
the ac line signals to the TXO output. 

All the dc current at the TXO output is fed back 
through the RXI terminals to the B1 mirror input. The 
inputs to B1 and B2 are made equal by mirroring the 
B1 input current to the B2 input through a unity gain 
output of the B1 mirror. Both B1 and B2 mirrors have 
high gain outputs (x95) which drive the subscriber lines 
with balanced currents that are equal in amplitude and 
180° out of phase. The feedback from the TXO output, 
through the B-Circuit mirrors, to the subscriber line 
produces a dc feed resistance significantly less, but 
proportional to the loop sensing resistors. 

In most line-interface systems, the ac termination 
impedance is desired to be greater than the dc feed 
impedance. A differential ac generator on the subscriber 
loop would be terminated by the dc feed impedance if 
the total ac current at the TXO output were returned to 
the B1 input along with the dc current. Instead, the 
MC3419-1 system diverts part of the ac current from the 
B-Circuit mirrors. This decreases the ac feedback cur- 
rent, causing the ac termination impedance at the line 
interface to be greater than the dc feed impedance. 

The ac current that is diverted from the B1 mirror 
input is coupled to a current-to-voltage converter circuit 
that has a low input impedance. This circuit consists of 
an op amp (external to the MC3419-1) and a feedback 
resistor which produces the transmit output voltage 
(VTx) at the 4-wire interface. Transmission gain is pro- 
grammed by the op amp feedback resistor (RyT ). 

Reception gain is realized by converting the ac cou- 
pled receive input voltage (Vpx) to a current through 
an external resistor (RRx) at the low impedance RXI 
terminal. This current is summed at RX1 with the dc and 
ac feedback current from the A-Circuit mirrors and 
drives the B1 mirror input. The B-Circuit mirror outputs 
drive the 2-wire port with balanced ac current propor- 
tional to the receive input voltage. Reception gain is 
programmed by the Rp resistor. 

Since receive input signals are transmitted through 
the MC3419-1 to the 2-wire port, and the 2-wire port 
signals are returned to the 4-wire transmit output, a 
means of cancellation must be provided to maintain 
4-wire signal separation (transhybrid rejection). Can- 
cellation is complicated because the gain from the re- 
ceive port to the transmit port depends on the impedance 


*A current mirror is a circuit which behaves as a current controlled 
current source. It has a single low-impedance input terminal with re- 
spect to a reference point and one or more high impedance outputs. 


of the subscriber loop. A passive “balance network” is 
used to achieve transhybrid rejection by cancelling, at 
the low impedance input to the transmit op amp, the 
current reflected by the loop impedance to the 4-wire 
transmit output. For a resistive loop impedance, a single 
resistor provides the cancellation. For reactive loops, 
the balance network should be reactive. 

Longitudinal (common-mode) currents that may be 
present on the subscriber lines are suppressed in the 
MC3419-1 by two methods. The first is inherent in the 
mirror configuration. Positive-going longitudinal cur- 
rents into Tip and Ring create common-mode voltages 
that cause a decreasing current through the Tip Sensing 
resistor and an increasing current through the Ring 
Sensing resistor. When these equal and opposite signal 
currents are reflected through the A-Circuit mirrors and 
summed together at TXO, the total current at TXO re- 
mains unchanged. Therefore, the ac currents due to the 
common-mode signal are cancelled before reaching the 
transmit output. 

The second longitudinal suppression method is more 
dominant, since it limits the amplitude of common- 
mode voltages that appear at the Tip and Ring terminals. 

A common-mode suppression circuit detects com- 
mon-mode inputs and drives the loop with balanced 
currents to reduce the input amplitude. Subtracting cur- 
rents from outputs of the A1 and A2 mirrors produces 
a signal current at the CC terminal in response to the 
common-mode voltage at Tip and Ring. A transcon- 
ductance amplifier (C-Circuit) generates a current pro- 
portional to the CC terminal voltage which is summed 
with the current from the RX] terminal at the inputs of 
current mirrors B1 and B2. The weighting and polarity 
of the summing networks produce common-mode B1 
and B2 mirror output currents at the 2-wire port. The 
common-mode input impedance is inversely propor- 
tional to the gain of the longitudinal suppression circuit. 
Rc and Cc compensate the common-mode feedback 
loop. At 60 Hz with typical component values, the 2-wire 
common-mode impedance is less than 5 0. 

The longitudinal suppression circuit output currents 
are generated by modulating dc current fed to the loop 
by the B1 and B2 current mirrors. This configuration 
avoids the increased power dissipation attributed to 
current mode loop drive because dc and longitudinal 
currents are not cumulatively sourced to the loop. 
However, driving common-mode currents through the 
B-circuit current mirrors in this manner limits the long- 
itudinal suppression capability. The suppression circuit 
is unable to reverse 2-wire current polarities to maintain 
a low-impedance termination when longitudinal cur- 
rents exceed the dc loop current. At low dc loop cur- 
rents, the common-mode signal capability, known as 
longitudinal capacity, is limited by the loop current (Fig- 
ure 6). At high-loop currents, longitudinal capacity is 
limited by the maximum voltage swing of the CC ter- 
minal and is therefore independent of dc loop current. 
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_ FIGURE 7 — BASIC SLIC CIRCUIT 


MDA220 


The hook status control circuit supplies the bias cur- 
rents to activate the B-Circuit op amps and other sec- 
tions of the MC3419-1. To activate the bias currents, the 
control circuit compares the current through the sense 
resistors, Rr and Ry, and the load resistance R,_ with 
the current through the hook status threshold program- 
ming resistor, Ry, by using outputs from both A1 and 
A2 mirrors. The A1 mirror output sources current to the 
Ry resistor. (This reduces all internal currents to near 
zero during the on-hook state in order to eliminate un- 
necessary power consumption.) If this current is large 
enough the voltage on the HST pin will trip an internal 
comparator, then another circuit compares the current 
from the A1 output with that of an A2 output... These 
currents must match within + 15%. If so, HSO will be 
activated and the bias circuits will turn on provided the 
voltage on PDI is greater than — 1.2 V. The HSO pin can 
have either a pull-up resistor or a pull-down resistor 
and when activated it will switch to Vcc (0 volts). 

Once the MC3419-1 is powered up, a circuit with a 
gain of 20 feeds current to the Ry resistor in order to 
keep the bias circuitry active. (The sense resistors are 
paralleled with the Darlington transistors which reduces 


Hook 
Status 
Output 
Tip 
‘Sense 
Ring 
Sense 


-48 V 


the sense input currents.) Should the sense input cur- 
rents drop below one-twentieth of the required power- 


up current, the bias currents will be removed, forcing 


a power-down condition. 

Current mode analog signal processing is critically 
dependent on voltage to current conversion at the 
2-wire and 4-wire inputs. Precise, low-noise voltage 
sensing through resistors Rt, RR and Rrx requires 
quiet, low impedance terminations at terminals TSI, RSI 
and RXI respectively. For 2-wire signals, terminal Vgg 
isolates the loop-sensing resistors and current mirrors 
from noise at the high-current Veg terminal. External 
filtering from Vcc to Vogp (“quiet battery” terminal) 
ensures loop voltages are sensed without interference 
from system supply noise. Veg noise rejection at audio 
frequencies is typically 60 dB or greater. . 

Receive input terminal RXI is referenced to the Vac 
terminal which references the 4-wire input to the 
“analog ground” of the 4-wire signal source, thus isolat- 
ing the input from power ground voltage transients. 
This isolation offers 70 dB of noise rejection at audio 
frequencies. 


SYSTEM EQUATIONS 


K1 — The current gain from I7s; + IRS} to TXO only 
during an off-hook power-up condition. K1 = 0.51 + 
1%. 

K2 — The current gain from RXI to the collectors of the 
off-chip Darlington transistors only during an off-hook 
power-up condition. K2 = 95 + 1%. 


For simplicity, the following equations do not use K1 
or K2. Instead the actual numerical value is used, for 
instance (1 + [2]K1K2) = 1 + 1.02 x 95 = 97.9 is ap- 
proximately 98. 


Ry — Loop resistance. This is a load resistance from Tip 
to Ring and can be either ac or dc depending on context. 
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LOOP CURRENT REGULATIONS 


FIGURE 8(a) 


FIGURE 9(a) 


FIGURE 8(b) 
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SYSTEM EQUATIONS (continued) 


Zi. — Loop impedance. This is used only to connote a 
complex impedance loading on Tip and Ring. 


I —- Loop current. The dc current flow through R_. 


Re — Dc feed resistance. The synthesized resistance 
from which battery (Vcc and Veg) current is fed to R,. 
The battery feed resistance is balanced differential feed. 
See Figure 7. (This assumes Vgp = Veg.) The first order 
equation is: 

_ RR t+ Ry + 12000 
7 98 
Because of the diode voltage drops on TSI and RSI, the 


actual dc feed resistance is higher. The second order 
equation is: 


RF (1) 


_ Maples Ry + RR + Ry + 1200.0) _ 


BF 98 (Vogl ~4.0 V) 


Ri. (2) 


meant 
MGR 
REN 
z meat 
E SC 

z ani 
= 7g tft 195 CINSOS NT I HHH 
SL 1 ttt rer (ines) NNT tt 
S PTT 3sa(insson QT TT TT TT 
= LU 1.12 (1N5298) SN] tT TTT 
yg LL I oea(inszo TR tt 
| 056 (1N5297) Nt tt LT 
TASS 
UT tT BRR 
10 100 1.0k 10 k 

RL, LOOP RESISTANCE () 
ignoring the effects of Ry, 
—_ Vosl(RR + Rt + 1200 0) 
RE = "98 (Vogl 4.0 V) (3) 
So: 

Ra = Rt = 49RF (\Vgpl —4.0 V) _ 600 (4) 


Vasl 
The minimum value for Rr and RT is 5.0 kQ. 


The first order value of Re can not be greater than the 
desired value of the termination impedance (usually 
600 2 or 900 ©). To achieve dc feed resistances that are 
greater, a resistor can be placed between Vog and Veg 
along with a filter capacitor Cgg which restores the 
desired termination impedance and filters power supply 
noise. A diode should also be placed between Vop and 
Veg to prevent damage in case a catastrophic power 
supply failure occurs. 
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lvaB — This is the current that is sourced from the Vgg_ 


pin and is proportional to the currents into and out of 
RSI and TSI. When the SLIC is in the off-hook power-up 
mode, lyqp is also proportional to I. 


-Ivop = 2.15 IRS| + 0.7 Its} (5) 
lvap = 0.029 I, (6) 


Rro — Dc feed resistance. The synthesized resistance 
from which battery current is fed to R,, see Figure 8. 
(This assumes Vocg is tied to Veg through a resistor 
Ros-) Rag synthesizes additional dc feed resistance to 
‘the Re value previously stated. 

When using Rop, the dc feed is effectively balance fed 
from Vcc and Vog instead of Veg. The sense resistors 
(Rr and Rt) should be selected to make Rr (first order) 
less than the termination impedance. 
\Vegl(98R_ + RR + Ry + 1200 + 2.85RQp) 


RFQ = 98(\VEE| — 4.0 V) ~ RL 
(7) 
Ignoring R,, this simplifies to: 
_ [Veel(RR + Rr + 1200 + 2.85Rop) 
_ Bra = 98(|VeE| — 4.0 V) “) 
Therefore: 
iA eee 98RFQ(|Veg| — 4.0 V) — |Veel(RR + Rt + 1200 0) 
QB ~ 2.85|VEE| 
| | (9) 
Cap — Power supply noise filter capacitor. 
2.85 Rog + RR + Rp + 12000 
Cos = QB. 7 TR i (10) 


2nf Rog (RR + Rt + 1200 0) 


Figure 9B shows Rap replaced with a current regulating 
device such as Motorola’s 1N5283 family. 


IcROB — The current that is sourced to a current reg- 
ulating device from the Vgg pin. When this current 
reaches the regulated value, the voltage differential be- 
tween V_eg and Vop increases causing the effective bat- 
tery voltage to decrease which limits lL to a maximum 
value as determined below: 


| IL = 34.5 IcRoB (11) 


- The graph, Figure 9B, shows loop current versus loop 
resistance using several values of IcRqgp. The closest 
current regulating diode part number to that value is 
also shown. A typical value for Cap in this case is 10 
pF, 60 Vdc. 

Figure 10 shows how power can be conserved on 
the shorter loop lengths by utilizing current limiting 
techniques. 

Overvoltage protection on the 2-wire port is achieved 
with the MDA220 diode bridge and the protection re- 
sistors RpR and Rpt. Whenever the voltage on the 
2-wire port exceeds the power supply rails (Vcc and 
Vee), the MDA220 diodes will forward bias and “clamp” 
to the rail voltage. The current is limited by the protec- 


FIGURE 10 — TOTAL SLIC POWER DISSIPATION 
versus LOOP RESISTANCE 
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tion resistors. These resistors should be as large in value 
as possible. However, if they are too large, they will 
interfere with the performance of the SLIC under worst 
case conditions. 


Rpt < Rq/196 —15 (12) 


Using the voltage of Vgp when |, is at its minimum off- 
hook value (Typ. 20 mA): | 


Rpr < RR/196 + 25\Ver — Vop| —15 (13) 


The tolerance of these resistors is not critical due to 
placement inside a closed loop. Positive temperature 
co-efficient resistors (PTC) may be considered here. 
Consult resistor manufacturers for component selec- 
tions that will meet the surge current and peak voltage 
requirements. 

Because the MC3419-1 is a broadband device it re- 
quires compensation components to keep its circuits 
stable. 


Cr & C7 — Compensates the longitguinal gain of the 
A and the B circuit mirrors. Their values range from 
2000 pF to 5000 pF. 


Rc & Cc — Compensates the longitudinal “C” circuitry. 
Their values can be ratioed according to: 


Re x Ce = RT x Cr. (14) 


Two off-chip power Darlington transistors are used 
with the MC3419-1. These transistors reduce any tem- | 
perature gradiant problems with the precision matched 
devices on-chip and they alleviate thermal stress con- 
ditions that could occur for every on-hook and off-hook 
transition. The power dissipation in these devices is: 


Pot = !.2(R7/98 — Rpt — 4) + (2.0 V)IL (15) 


Por = IL (IVee] — 2 — IL(R7/98 + Rp + RprR + 16)]. (16) 


where I, = |Veel/RFQ or IL(max) in current limited 


designs. 
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SYSTEM EQUATIONS (continued) 


Ry — The resistor that determines the hook status 
threshold values of R;. Ry is selected from a graph of 
the following two equations: 


Off-hook threshold 
Ry = 6(R_ + RR + Rt) 
On-hook threshold 
Ry = 27.25 [R_ + 0.01(RR + Rrq)I 


(17) 
(18) 


FIGURE 11 — HOOK STATUS DETECTION 
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Figure 11 shows such a graph using 17.4 kQ as the 
values for Rp and Rr. Note the oscillatory condition to 
the right of the crossing point. Selection of Ry in this 
region is usually not a problem since the saintly of 
telephone lines do not fall into this resistance range. Ry 
always ties to Vop and HST and will give reliable hook 
status information regardless of power supply voltages 
and PDI. 

Ro — Termination impedance of the 2-wire port. This 
impedance is greater than the dc feed resistance Rr 
because of a current splitting network in the feedback 
loop, Rtx 1 and Rt x2. 

K3 — A constant, formed by Rtx1 and RtTx2, between 
0 and 1, which determines the ratio of the first order 
value of RF to Ro. 


Ra + Ry + 12000 


Ro = 1 + 97K3 (19) 
So: 
_ RR + Rt + 12000 — Ro 
K3 = —97Rg (20) 
and 
K3 = RTX2 + Zin (21) 


RTX1 + RTX2 + Zin 


Zin — The input impedance of the current to voltage 
converter op amp. This impedance is usually negligible, 
it can be used to sway the selection of a 1% component 
value. 


(RR + Rt + 12000) Gtx — Rytx 
1020 (1 — K3) ~ 1000 


RtTx1— Feeds most of the TXO dc current to the RX! 
pin. To keep TXO from saturation the maximum value 
of RTx} is as follows: 


(RR + Rt + 1200 Q) (|\Vqpimin — |\Vagimax — 6.5 V) 


RTX1 < \Vapimin — 5.4V 
(23) 
Where: 
in —4 
Wapiti (RR + Rt + 1200 Q) (|VEElmin —4) (24) 


(RR + RT + 1200 0 + 2.8 Rap) 

or If a current regulator diode is used: 

0.01 I, (max) (RR + Rt + 600 2) — |\Vaglmax — 3.9 V 
0.01 IL (max) (25) 


It is beneficial to make RT as large as possible. Typical 
values range from 15 k to 24 k0Q. 


RTX1< 


K3 RTx4 
RTX2 = + — “Zin (26) 
_ RR + Rp + 12000 sea 
Ctx = 7RIXa The result is in uF. (27) 


GTx — The voltage gain from the 2-wire port to VTx 
which is adjustable by RyT x. 


1.02 (1 — K3) RyTx 


Rm + Rp + 1200 0 ee 


GTX = 


GTx(RR + Rt + 1200 0) 
1.02 (1 — K3) 


Grx — The voltage gain from the Vrx input to the 2- 
wire port which is adjustable by Rrx. 


—95 Ry (RR + Ry + 1200 2) 


Rytx = (29) 


GRX = RaxiiR + Ry + 12000) + At + o7Kay) 9) 
Rrx = Gest ao) (32) 
Crx > oe (33) 


Where f is the minimum passband frequency, usually 
200 Hz. 


Transhybrid Rejection — The voltage gain from Vrx to 
Vt x. It is expressed in dB, the number should be neg- 
ative and the larger the value the better. Transhybrid 
rejection is achieved by summing a current from the 
Vrx input (Rg) with the TXO current that flows to the 
current to voltage converter. Rg balances a resistive 
load, R,. 


_ Rax( + 97K3) (Ro + Ri) 


97R,_ (1—K3) 4) 
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FIGURE 12 — BALANCE NETWORK FOR CAPACITIVE LINES 


RyTx 


RTX1 


te LP tom 


To scale Zp to its maximum values | 
| RRX (1_ + 97K3) 
194 (1 — K3) 


(35) 


Rb1 = Rp2 = 


~_ Rot 
Zb = 2Ro +t 


When the 2-wire port has a parallel R and C load, then ances using component values that are equal to the 
(see Figure 12): oe load values (see Figure 13) then: 


_ Rax(1 + 97K3) 


_ Rax(RR + Rt + 1200 Q) Rp1 


Rp1 = —* O7RL (t= KS) (37) | 194(1 — K3) : ne 
: eal Rrax(i_ + 97K3) |“ RoRRx(1 + 97K3) (40) 
ap» — PBxiRr + Ry + 1200 9) (38) 194(1 — K3) 97(1 — K3) 
b2 ~~ 87RQ(1 — K3) - ) 
Roo = Rrx(1 + 97K3) ahi, (41) 
When it is desirable to balance complex load imped- Rp1 and Rpg values are interchangeable. 
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SYSTEM EQUATIONS (continued) 


The Tip and Ring Sense Output currents are propor- 
tional to the currents out of and into TSI and RSI, 
respectively. 


ITSO = —§~ (43) 

IRSO = ‘Bs! (44) 

ITSO = Mt eed =~ Y for VTip <Vec (45) 
IRSO = Maina — Yas! ~20¥ to, VRing > VOB (46) 


6(RR + 600 2) 


Digital interfacing to the MC3419-1 PDI pin and the 
HSO pin is shown in Figures 14a, 14b and 14c. If the PDI 
pin is not used it should be terminated to Vcc and if 
HSO is not used, it can be left open. 


Figure 15 is an application circuit showing solid state 
ringing insertion using an MOC3030 zero-crossing de- 
tector optocoupled triac to replace the conventional 
electromechanical relay. This device inserts the ringing 
signal on a zero voltage crossing which eliminates noise 
in adjacent cable pairs and removes the signal on a zero 
current crossing which eliminates inductive voltage 
spikes that commonly destroy relay contacts. The ring- 
ing generator provides a continuous 40 V to 120 V RMS 
signal from 15 to 66 Hz superimposed upon 
—48 Vdc. Ringing cadencing is inserted with the Ring 
Enable Input. The 2N6558 and MPSA42 replace the 
MJE270 for systems that use ringing generator voltages 
greater than 70 Vans. The MDA220 diode bridge is 
replaced with a series 1N4007 on the Tip lead and a 
shunting 1N4004 to Veg and to allow ringing voltage 


FIGURE 14 — INTERFACE-TO-DIGITAL LOGIC 


Vcc 


* MC14xxx 
e MC74LSxxx 
or 
MC74HCxxx 


MC14xxx __ 
PDI HSO 


MC3419 
-48V 


(a) 
Interface-to-Negative 
Supply CMOS Logic 


PDI 


MC74LSxxx 
or 
~ MC74HCxxx 


MC3419-1 
VEE 


(b) 
interface-to-LSTTL 


HSO 


MC3419-1 


-48V 


(c) 


Interface-to-Positive Supply CMOS Logic 


7 
re 
é 
, 
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FIGURE 15 — PBX LINE CIRCUIT 


MOC3030 


a ~ 4 Re1 MPSA56 


| | Logic Power 


x Ring Enable 


Py Ringing Generator 


a] Hook Status 
Output 


Ground Vcc 


MJE271 
- MPSA06 [ 
R62 rh a Gav a Analog Ground 
- |_| Receive Input 
: Rpt : 
Tip _ RB : 
dass a Transmit Output 
+ . 
RTX2 CTx 
Ring Rvtx 
-—WN-- 
RpR 1 1 2N al 
1N4007 ! 6558 
or R 
MK1V | MJE270 H | 
- ! = 
aay ay oe tae 
= ! C) 1nssn0s — 

| 

I \ 

MSs ee ha eras : = Negative Battery 


— —— — Indicates Optional Components 


TL-6LVEOW 


MC3419-1L 


SYSTEM EQUATIONS (continued) 


on the Ring lead to exceed the power supply voltages, 
a 1N4007 and an MK1V-135 (Sidac) are used for pro- 
tection. The forward voltage drop across the 1N4007, 
during normal operation, will not affect the parametric 
characteristics of the MC3419-1 since it is “inside” a 
feedback circuit. If the MJE270 is used, the MK1V-135 
should be replaced with a lower voltage Sidac or 
MOsesorb transient suppressor. 

An optocoupled transistor circuit is used for ring trip 
detection on long lines. It samples only the ac and dc 
ringing signal current and uses a simple one pole filter 
to eliminate the low level ac signal. Under worst case 
conditions this circuit will ring trip in 14% to 4 cycles. In 


systems serving only short loops (<700 Q), if Rg1 and 
RG2 are 620 € or greater, the optotransistor circuit is 
not needed, the Hook Status Output will perform ring 
trip on a Zero Crossing. The Ring Enable input and the 
Hook Status Output interface with standard CMOS and 
TTL logic. 

The op amp in this circuit is an integral part of the 
following codecs, filters or combos: 

MC3417/8 — MC145414 


MC14404/6/7 — MC14413/4 
MC14401/2/3/5 


LONG LINES OFF-PREMISE LINES 


Specifications 


Off-Hook — <25002 Vtogic — +5.0V 
RF — 2009 Ro — 600 On-:Hook —>10kQ VEE — —42to —56 
I.(max) — 60 mA Rx Gain —0OdB Volts 
200-3400 Hz Protection — 1000V_ = VRinging + — (40 V to 120 
Ri (max) — 190092 Tx Gain —0OdaB VRMS)+ VEE 
200-3400 Hz Ringer Equivalent. — 5 
Parts List 
MPSAS56 RR — 9.09k 1% Matched MOC3030 RT™1 — 12.1k 1% 
2N3905 RT — 9.09k 1% if desired 4N25 Rts2. — 5.76k 1% 
2N6558 Rpr  — 47Q 5% Rex — 28.7k 1% 
MPSA42 RpR  — 752 5% Rp = 28.0k 1% 
MJE271 RG1 — 6200 5% Rvtx — 286k 1% 
1N4007 Rg2 — 1000 5% Cr 0.004 uF 
MK1V135 Re — 919 5% Cr — 0.004 uF 
1N4007 RE2 —_ 3.0k 5% Cc — 0.001 uF 
1N4007 RRT — 20k 5% Cex — 1.0 4F/20 V 
1N5303 Rc — 24k 5% Ctx — 2.0 uF/40 V 
1N4004 RH — 127 k 1-3% Cat — 20 »F/5.0 V 
MC3419-1 RHSsO — 10k 5% Cop — 10 »F/60 V 
SHORT LINES ON-PREMISE LINES 
Specifications 
RF _ 500 0 Rx Gain _ —5.0 dB 
Re (max) — 700 Tx Gain — 0 dB 
Ring Trip — <50 ms VLogic _ +5.0 Volts 
Ringer Equivalent = 2.5 VEE — — 20 to — 56 Volts 
Ro —_ 600 0 VRinging — (40 V to 70 Vams)+ VEE 
Parts List MOC3030 RHso — 10k 5% 
MJE271 RR — 196k 1% RTX1 — 19.6k 1% 
MJE270 RT _ 19.6k 1% CT — 0.004 uF RTX2 — 42.2k 1% 
MPSA56 RGi — 620% 5% Cr — 0.004 pF RRX — 69.8k 1% 
2N3905 Rg2 — 6200 5% Cc — 0.004 pF RB _ 301k 1% 
1N4007 Re4 _ 9192 5% CRrx — 0.1 pF RV™X — 127k 1% 
1N4007 RE2 — 3.0k 5% Ctx — 05 wF Rc — 56k 5% 
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TECHNICAL DATA 
MC6172. 


(Formerly MC6862) 


2400 bps DIGITAL MODULATOR MOS 
(N-CHANNEL, SILICON-GATE) 


The MC6172 is a MOS subsystem designed to be integrated into a 
wide range of equipment utilizing serial data communication. 

The modulator provides the necessary modulation and control func- 2400 bps 
tions to implement a serial data communication link over a voice grade MODULATOR 
channel, utilizing differential phase shift keying (DPSK) at bit rates of 
1200 or 2400 bps. Phase options are provided for both the U.S. and in- 
ternational markets. The MC6172 can be implemented into a wide range 
of data handling systems, including stand-alone modems, data storage 
devices, remote data communication terminals, and I/O interfaces for 
counters. 

N-channel silicon-gate technology permits the MC6172 to operate us- 
ing a single voltage supply and be fully TTL compatible. 

The modulator is compatible with the MC6173 demodulator to pro- 


vide medium-speed data communications capability. L SUFFIX 
‘0 CERDIP PACKAGE 


CASE 623 
Clear-to-Send Delay Options 


511-Bit CCITT Test Pattern 

Terminal Interfaces are TTL Compatible 

Compatible Functions for 201B/C Data Sets i P SUFFIX 

CCITT and U.S. Phase Options ‘ Udit PrRe GRC RAGE 
, 3 CASE 709 ; 

1200/2400 bps Operation 

Answer-Back Tone 

The MC6173 Is the Companion Demodulator 

Application Note Available — AN-870 


PIN ASSIGNMENT 
BLOCK DIAGRAM 


Delayed 23 Tx Clk: | 
Clear Request 1 8432 MHz External 
to Send to Send Clock Clock 
10 11 


Request to Send 70 
Delay options Clay 3e ance led Frequency Divider oan 
.CTS2 20 and Test Pattern and Sync Logic 
Generator 


Test Pattern Enable 60 


023 Transmit Clock 


Transmit Data 90 024 Dibit Clock 
Data Rate Select 150 Tx Data and Phase 
Phase Shift Select 160 Shift Control 
Answer Back 140 


1800 Hz 
Carrier 
Generator 
Transmit Mark 8 O 
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MAXIMUM RATINGS 
Rating Symbol 
| =0.3t0 +7.0| V_| 
| =0.3t0 +7.0 | V_| 


This device contains circuitry to protect the in- 


V 
V 
T puts against damage due to high Static voltages 
or electric fields; however, it is advised that nor- 
0 to 70 C mal precautions be taken to avoid application of 
8c | 


Tstq —55 to + 150 any voltage higher than maximum rated voltages 
to this high-impedance circuit. Reliability of 


THERMAL CHARACTERISTICS operation is enhanced if unused inputs are tied to 


[Characteristic | Symbol | Value | Unit] 2M appropriate logic voltage level (e.g., either 
Thermal Resistance Vss or Vcc). 
Plastic Package 
Cerdip Package 
POWER CONSIDERATIONS 
The average chip-junction temperature, Ty, in °C can be obtained from: 
TJ=TA+ (PpedJa) (1) 


Where: 
Ta=Ambient Temperature, °C 
6 A Package Thermal Resistance, Junction-to-Ambient, °C/W 
PD = PINT + PPORT 
PINT™!ICCc x Vcc, Watts — Chip Internal Power 
PportT Port Power Dissipation, Watts — User Determined 


For most applications PpPoRT<PiNT and can be neglected. PPORT may become significant if the device is configured to 
drive Darlington bases or sink LED loads. 


An approximate relationship between Pp and Ty (if PPORT is neglected) is: 


Pp=K+(TJ+273°C) (2) 
Solving equations 1 and 2 for K gives: 
K = Ppe(T a + 273°C) + 6s AePDZ (3) 


Where K is a constant pertaining to the particular part. K can be determined from equation 3 by measuring Pp (at equilibrium) 
for a known Ta. Using this value of K the values of Pp and Ty can be obtained by solving equations (1) and (2) iteratively for any 
value of Ta. 


DC ELECTRICAL CHARACTERISTICS 
(Vcc =5.0 +0.25 Vdc, Vss=0, TA=T| to TH, all outputs loaded as shown in Figure 1 unless otherwise noted) 


Symbol | __Min__| Tp | 
Input High Voltage Vsst2.0 
Input Low Voltage Vss 


Input Current 
(Vin=Vss) CTS1, CTS2, PSS, DRS, An Bk, and Tx MK —0.2 mA 
RTS and TPE -—1.6 


Input Leakage Current (Vij, =5.25 V, Vcc =Vss) 
Output High Voltage 


w_| Vss__| 
ie ee 
(lIoOH = —0.04 mA, Load A) 
Cin 


VOH1 Vsst+2.4 
(IoOH =0.0 mA, Load B) VOH2 [Vcc—-0.5V 


Output Low Voltage (IoL = 1.6 mA, Load A) 
Input Capacitance (f=0.1 MHz, Ta = 25°C) | Cin | 


= plese ol eae 
Internal Power Dissipation (Measured at Ta =T{) p. 210 a 
(All inputs at Vgg except Pin 13=57.6 kHz and ALL outputs open) int 
Input Transition Times, All Inputs Except 1.8432 MHz Input Po 
(From 10% to 90% points) ys 


otal 
Input Transition Times, 1.8432 MHz Input (From 0.8 V to 2.0 V) | t.te Jo - | 
Input Clock Duty Cycle, 1.8432 MHz Input (Measured at 1.5 V level) | D.C. | 2 | 
th 
tf 


Tx Data Setup Time (Figure 2) 


Tx Data Hold Time (Figure 2) | th | 3% 
Output Transition Times ie 


"Maximum Input Transition Times are <0.1 x Pulse Width or the specified maximum of 1.0 ys, whichever is smaller. 
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FIGURE 1 — OUTPUT TEST LOAD 
i? Vcc | 


MMD6150. 


; 
R1=2.5 kQ | 
VI or Equiv. 
| 
| 


MMD7000 
or Equiv. 


{ Simulated TTL Load _| 
Cy =20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances. 


FIGURE 2 — TRANSMIT DATA SETUP 
. AND HOLD TIME 


Tx Clk 


Tx Data 


Note: Timing measurements are referenced to and from a low 
voltage of 0.8 volts and a high voltage of 2.0 volts, unless 
otherwise noted. 


FIGURE 3 — 2400 bps MODULATOR INTERFACE 


RS-232 
if Required 
Co 
| 1/2 Mieiaae. 
Transmit | 274 
—_—_“~ 
Clock | \ 
N 
| 
Clear 71 
to Send | ot eae 
aa MC6172 _ 
Request | tS. | AT Modulator 
to Send 
[oe 
Transmit | RY 
Data 


| 1/2 MC1489 | 


eae een ea 


Oscillator 


Uh 


1.8432 MHz 
+0.005% 


Converter 


0 1.0 2.0 3.0 4.0 5.0 
kHz 


Option A (CCITT) 
Signal Spectra 


DPSK Signal 
to Line 


Low-Pass 
Filter 


MC1406 
D/A 


Option B (US.) 
Signal Spectra 
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DELAY TIMINGS (See Figures 4 and 5) 


RTS-CTS Delay 
CTS1=0, CTS2=1 
CTS1=1, CTS2=0 
CTS1=1, CTS2=1 
CTS1=0, CTS2=0 
CTS-DBC Delay 

CTS1=1, CTS2=0 

CTS1=1, CTS2=1 
a CISI=0. CTS2=0 


“The reference frequency tolerance is not included. 


RTS to DBC Delay 
DBC to RTS Delay 
R1TS-DRTS Delay 


MateSiew 
Mmnoser ee ee 
[osc BRIS O8ey 
a 


8. a 
24.9 ms 
147.0 ms 


eft 


FIGURE 4 — RTS-CTS AND RTS-DRTS DELAYS 
2400 bps 
Mode Tx Clk 
1200 bps 
Mode Tx Clk 
toBc (Dibit) 
DBC 50% sa 
RTS ae 
= 
CTS 
t4 
t3 5 
pars | WAA\\\AS 
13 


RTS-CTS delay options are selected by the CTS1 and CTS2 in- 
puts, and are stated as time delay interval tg. An RTS input signal 
synchronized about point A will synchronize CTS with the positive 
transition of DBC (Dibit Clock). Delay tq is measured with respect to 
the negative transition of RTS. 

RTS signals synchronized with the positive transition of DBC 
(point B), will result in the same CTS delay (tq). For this case the 
negative transition of CTS is synchronized with the negative transi- 
tion of DBC with delay tq measured with respect to the negative 
transition of RTS. 


DRTS will go low within tg of the negative transition of RTS. With 
the exception of the no-delay option, CTS will go low within ts of 
the positive transition of DBC, following the tq delay selected. This 
applies when RTS is synchronized to Point A as shown. 

If RTS goes high and remains high = 20 ps within time nerves 
a reset of the internal RTS-CTS timer function will occur. If RT 
goes high for less than 20 ys, the circuit may or may not respond to 
this momentary loss of the RTS signal. 


Note: Timing measurements are referenced to and from a low voltage of 0.8 volts and a high voltage of 2.0 volts, unless otherwise noted. 
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FIGURE 5 — LOSS OF RTS TO DRTS DELAY 


tDBC 


(Dibit) - 
DBC | ta 
Dae 
t1 
ATS N//// 


A positive transition of RTS after CTS has become active can 
result in different functional characteristics of the CTS and DRTS 
output signals, depending on the time duration that RTS remains in- 
active. 

Under all conditions, ( CTS will go high within tg following a 
positive transition of RTS. If RTS. goes high in the shaded region 


shown ({i.e., synchronized to the positive transition of DBC) and re- — 


mains high beyond the time interval defined as t7, then DRTS will 


go high within tg of the next negative transition of DBC. If RTS were 
to go low after t7, the RTS-CTS delay times given in Figure 4 will 
result. 

if RTS goes high in the shaded region shown, and then returns 
low within time interval tg, the negative transition of CTS will follow 
within 35 xs, and DRTS will remain in the active or low state. Under 
these conditions, the normal RTS-CTS delay times are not en- 
countered when ATS is reactivated. If RTS goes low for less than 
20 us, the circuit may or may not respond 


NOTE: Timing measurements are referenced to and from a low voltage of 0.8 volts and a high voltage of 2.0 volts, unless otherwise noted. 


DEVICE OPERATION 


GENERAL 


Figure 3 shows the modulator and its intra-connections. 
The data to be transmitted is presented in synchronous serial 
format to the modulator for conversion to DPSK signals 
used in transmission. The modulator output is digital; 
therefore, aD/A converter and a filter transform the signal to 
an analog form. 

The control functions provide four different Clear-to-Send 
delay options. An Answer-Back tone is available for 
automatic answering applications. The modulator has a 
built-in 511-bit pseudorandom pattern generator for use in 
system diagnostic tests. 


the negative transition of RTS, and goes negative within t3 
of the negative transition of RTS (Figure 4). The delay from a 
positive transition of RTS to a positive transition of DRTS is 
shown in Figure 5. The DRTS delay allows data within the 
modulator to be transmitted before transmission is inhibited. 


Clear to Send (CTS) 

CTS follows RTS to both the logic 0 and logic 1 levels. The 

delay from a negative transition of RTS to a negative CTS 

_ transition is selectable by external strapping of CTS1 and 
CTS2. The delay from a positive transition of RTS to a 
positive CTS transition is less than tq. 

CTS will go low within t5 after the positive transition of the 
Dibit Clock (see Figure 4) except when the non-delay option 
is selected. For the no-delay option, CTS follows RTS within 
tb. 


RTS-CTS Delay Options (CTS1, CTS2) 


The RTS-CTS delays are selectable according to the 
following strapping options — 


RTS-CTS Delay ae CTS2 


0.0+0.035 ms, —0.0 ms 
: 
1 
0 


INPUT/OUTPUT FUNCTIONS 


Request to to Send (RTS) 


The RTS signal from the data terminal controls transmis- 
sion from the modulator. A low level on RTS activates the 
modulator data output. A constant mark, for synchroniza- 
tion, is sent during the RTS to CTS delay interval. Termina- 
tion of the transmission is accomplished by taking RTS high 
(see Figures 4 and 5). 


Delayed Request to Send (DRTS) 


This output can be used to control transmission as 
specified by the Transmit Mark control input. DRTS follows 


8.55 to 9.35 ms 
24.90 to 26.4 ms 
147.0 to 154.0 ms 
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Transmit Mark (Tx Mk) 


The Transmit Mark control allows the system designer to 
select whether the Delayed Request to Send activitates and 
deactivates the transmission on the modulator chip or off the 
chip in the output amplifier. 

When Tx Mk is high, transmission is controlled on the 
modulator chip, and occurs from the chip only when DRTS 
or Answer Back is in the logic 0 state (see Figure 6). 

When Tx Mk is low, transmission is controlled off the 
modulator chip. In this mode, the modulator chip transmits 
marks at all times except when data or an Answer-Back tone 
is being transmitted (see Figure 6). 


Test Pattern Enable (TPE) 


A 511-bit test pattern generator is contained on the 

modulator chip. This pattern is in accord with CCITT 
specification V52. 
__ he 511-bit test pattern is activated by applying a logic 0 to 
TPE. A mark (logic 1) condition on the Transmit Data input 
with TPE activated (logic 0) causes the test pattern to appear 
at the data output. A space (logic 0) condition on Tx Data 
with TPE activated causes the test pattern data to appear in- 
verted at the data output. 

Although the Motorola 2400 bps modulator contains a 
CCITT 511 test pattern generator it does not incorporate the 
511 data randomizer or scrambler. 

Random data applied to Tx Data with TPE activated 
causes the test pattern data to be scrambled (exclusive 
NORed) with the data, and the result appears at the data 
output. 

The MC6173 demodulator does contain a built-in data 
descrambler, which is enabled by TPE input going active. To 
scramble data using the modulator, the circuit in Figure 7 
must precede the Tx Data input of the modulator. Tx Data is 
added to the scrambler output pattern. Then the data is 
delayed by a full data bit before being transmitted by the 
modem. This assures a proper Transmit Data/Transmit 
Clock phase relationship. 

If the data scrambler is to be an optional feature, then the 
transmit data multiplexer would also have to be built. This is 


selected by the Test Pattern Enable signal or any other signal 
that is found suitable. 


The scrambling of data in the data comm environment is 
not done in an attempt to encrypt information in the normal 
sense of the word. Rather, the purpose of the scrambling of 
data is to guarantee that with respect to the modem carrier, 
there is always random data on the line with little chance for 
a long string of ones or zeros to exist. This is particularly im- 
portant if an adaptive equalizer is being incorporated at the 
demodulator. The adaptive equalizer will require reasonably 
evenly distributed data to optimize its statistical response to 
the incoming signal. The normally used code is the CCITT 
511 sequence which is exclusive ORed with data. 

The test pattern generator can be enabled only when CTS 
and RTS are logic 0. If TPE is activated outside this time in- 
terval, the previously stated RTS-CTS and RTS-DRTS 
delays, shown in Figures 4 and 5, are not valid. 


Data-Rate Select (DRS) 

The modulator can transmit at either 2400 bps or 1200 bps. 
Both data rates utilize an 1800 Hz carrier signal and employ 
phase shifting at 1200 Hz. The 2400 bps rate is obtained by 
encoding two bits of data into each phase shift. The 2400 Hz 
rate is selected by applying a logic 1 to the Data-Rate Select 
lead. The 1200 Hz rate is selected by applying a logic 0 to 
DRS. 


Phase-Shift Select (PSS) 


Option A (CCITT) or Option B (U.S.) phase shift can be 
selected for 2400 bps operation. The input data format and 
phase shift relationship for these two options are as follows: 


PSS=0 PSS=1 
Option A* Option B 


*See example Figure 8. 


FIGURE 6 — TRANSMIT MARK CONTROL 


No 


Data Signal 


Mark 
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FIGURE 7 — MODULATOR CCITT 511 DATA SCRAMBLER 


onli Data Scrambler ——>} ; {<——_____——1-8it Delay ee 


9-Bit ql ee 
Tx Clik 


Tx Data 


= 
m 


> | Tx Data ~ | 
. To Pin 9 Modulator 


{<—__—_. Data Multiplexer ——>} 


FIGURE 8 — EXAMPLE-CARRIER PHASE SHIFTS FOR OPTION A 


Serial Data 11011000 


Dibit 


For 1200 bps operation, Option C (CCITT) or Option D 
(U.S.) phase shift can be selected: 


font coe | St 
Data Option C Option D 
+90° + 45° 
; + 270° + 225° 


Option C is selected by applying a logic 0 to the Phase 
Shift Select lead when the Data Rate Select lead is strapped 
for 1200 bps operation (logic 0). Option D is selected by ap- 
plying a logic 1 to PSS with DRS at logic 0. The phase shifts 
shown are the difference in phase between the signal at the 
end of one dibit period and the new signal at the beginning 
of the next dibit. 


Phase Shift 


Data 

00 0° 

01 90 
00 11 180 
0° 10 2/0 


Transmit Data (Tx Data) 

Transmit Data is the serial binary information presented 
for DPSK modulation. A high level represents a mark. For 
timing, see Transmit Clock (Figure 4). 


_ Transmit Clock (Tx Clk) 


A 2400/1200 Hz Transmit Clock output is provided for the 
communication terminal. The Transmit Data signal is sampl- 
ed on the positive transition of Transmit Clock. The Transmit 
Data to Transmit Clock setup and hold time requirements are 
shown in the Electrical Characteristics Table and in Figure 2. 


~ Dibit Clock (DBC) 


A 1200 Hz Dibit Clock identifies the modulation timing. 
This signal goes negative less than 100 us prior to the start of 
dibit modulation. 
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External Ciock (Ex Clk) 

A 2400/1200 Hz clock signal applied to the External Clock 
lead causes Transmit Clock to be synchronized with Ex Clk. 
This input must have an accuracy within + 0.005%. 

When no transitions occur on this input, the internal clock 
provides the 2400/1200 Hz transmit timing signal. Fast syn- 
chronization of Tx Clk to-Ex Clk is not provided on the chip. 
When Ex Clik is not used, it should be tied to either the logic 0 
or logic 1 state. 


1.8432 MHz (Clik) 

This input must be a square wave with rise and fall times 
of less than 40 ns and a 50 +20% duty cycle. The clock ac- 
curacy must be written +0.005%. 


Answer Back (An Bk) 

A logic 0 level applied to Answer Back causes a 2025 Hz 
Carrier to be generated on the modulator chip instead of a 
phase shifted 1800 Hz carrier. A logic 1 level applied to An Bk 
enables the modulator to generate the normal phase shifted 
1800 Hz carrier signal, as shown in Figure 6. The time delay 


from a transition on An Bk to the appropriate signal at the 
modulator chip output is less than 2 ms. 

Activation of An Bk (a logic 0) will disable all other opera- 
tion modes including the Tx Mk function, and will reset CTS 
to an inactive state along with the RTX-CTS internal timer. 
An Bk should therefore be activated only before initiating 
RTS or after loss of the DRTS output signal. The combina- 
tion of a logic 0 on An Bk with a logic 0 on TPE is not used in 
normal system operation, and hence is used as a reset input 
during device test. 


Digital Output (BO-B5) 

These outputs are designed to interface with a 6-bit 
digital-to-analog converter. The resultant signal out of the 
D/A is the differential phase shift keyed signal quantized at a 
14.4 kHz rate. A low-pass filter can then be used to smooth 
the data transitions. BO is the least-significant bit, and the 
positive level the active state. 


Test Clock (TST) 


A test signal input is provided to decrease test time of the 
chip. /n normal operation this input must be strapped low. 
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2400 bps DIGITAL DEMODULATOR ie 
MOS 
| (N-CHANNEL, SILICON-GATE) 


~The MC6173 is a MOS subsystem designed to be integrated into a 
wide range of equipment utilizing serial data communication. 2400 bps 
of The demodulator provides the necessary demodulation and control DEMODULATOR 
functions to implement a serial data communication link over a voice 
grade channel, utilizing differential phase shift keying (DPSK) at bit 
rates of 1200 or 2400 bps. Phase options are provided for both the U.S. 
and international markets. The MC6173 can be implemented into a wide 
‘range of data handling systems, including stand-alone modems, data 
storage devices, remote data communication terminals, and |/O inter- 
faces for counters. 
N-channel silicon gate technology permits the MC61/3 to operate 
using a single voltage supply and be fully TTL compatible. 
The demodulator is compatible with the M6800 microcomputer 


family, and provides medium-speed data communications capability. | L SUFFIX 
| : CERDIP PACKAGE 


CASE 623 


Compatible with MC6172 Modulator 

511-Bit CCITT V.52 Test Pattern 

Terminal Interfaces Are TTL Compatible 

Compatible Functions for 201B/C and V.26 Data Sets 
CCITT and U.S. Phase Options 

1200/2400 bps Operation 


P SUFFIX 
PLASTIC PACKAGE 
CASE 709 


FIGURE 1 — TY 
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0° Eye 
ADC 
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MC6173 2400 bps Demodulator 


Serial Interface 
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MAXIMUM RATINGS This device contains circuitry to protect the 


inputs against damage due to high static volt- 
ages or electric fields; however, it is advised 
that normal precautions be taken to avoid ap- 
plication of any voltage higher than maxi- 


Rating 


z 
- 
ee A 


mum rated voltages to this high-impedance 
circuit. Reliability of operation is enhanced if 
unused inputs are tied to an appropriate logic 
voltage level (e.g., either Vssg or Vss). 


DC ELECTRICAL CHARACTERISTICS (Vcc =5.0 +0.25 Vdc, Vss=0, Ta=T_ to Ty 
_all outputs loaded as shown in Figure 3 unless otherwise noted.) 


Input Current ne 
(Vin= VIL) Pins 3, 11, 13, 15, 16, 17, 18, 22, 24 


Input Leakage Current ; 
(Vin= 5.25 Vdc, Vcc=Vss) Pins 2, 10, 14, 23 


Output High Voltage 
(loOH = — 0.04 mA, Load A) 
(IOH =0.0 mA, Load B) 


Output Low Voltage 
(lo. = 1.6 mA, Load A) 


Input Capacitance 
(f=0.1 MHz, Ta =25°C) 


ies 
on 


< 


3 
= 


Input Transition Times, 
All Inputs Except 1.8432 MHz Input (From 10% to 90% Points) 


Output Transition Times (From 10% to 90% Points) 


~ae 
; 
& 


= Cc 


Data-Clamp Delay Time 
Option 1 
Option 2 
Option 3 
Option 4 


=] 
n 


=] 


3 


= 


“Maximum input transition times are < 0.1X pulse width or the specified maximum of 1.0 ns, whichever is smaller. 
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FIGURE 2 — DEMODULATOR BLOCK DIAGRAM 
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7 


ee _| 


CT = 20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances 
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GENERAL DESCRIPTION 


The MC6173 Phase-Shift Key (PSK) Demodulator serves 
as an integral part of a system to recover synchronous data 
from an 1800 Hz PSK modulated carrier. Data rates of 1200 
and 2400 bits-per-second are available. In the case of 1200 
bps operation, the MC6173 detects phase shifts of 0 to 180 
degrees to represent digital ‘’Os’’ and ‘’1s’’. When 2400 bps 
operations is desired, the MC6173 detects phase shifts of 0, 
90, 180, and 270 (option A) or 45, 135, 225, and 315 (option 
B) degrees to represent two bits of data called dibits. These 
phase shifts decode to 00, 01, 10, and 11, respectively. In 
either data rate, the 1800 Hz carrier is modulated at a 1200 
rate. 

Figure 1 shows the MC6173 demodulator in a typical appli- 
cation. The band-pass filter, equalizer, analog-to-digital 
(A/D) converter, 1200 Hz envelope filter, AGC amplifier, and 
1800 Hz carrier detector are external to the MC6173. The 
band-pass filter passes roughly 300 Hz to 3000 Hz eliminating 
noise, 60 Hz and 120 Hz pickup, and harmonics of 1800 Hz. 
The output of this filter is fed to the equalizer which adjusts 
phase versus amplitude such that a constant amplitude is 
maintained regardless of phase and is fed into the carrier 
detect circuit. The AGC amplifier provides a constant level 
signal regardless of the input level from the equalizer. The 
output of the AGC amplifier drives two basic sections of 
external circuitry, i.e., the A/D converter, and 1200 Hz 
envelope filter. 

The A/D converter samples each 1200 Hz cycle or dibit 12 
times. After each sample, digital data is clocked serially to 
the MC6173 receiver data input (RDI). The MC6173 
generates the sampling clock for AD Strobe (ADS) and the 
serial clock (ADC) from the 1.8432 MHz internal oscillator. 

The 1200 Hz envelope filter recovers the 1200 Hz compo- 
nent of the equalizer output during fast training and 
generates a 1200 Hz square wave. This square wave is con- 
nected to the envelope (Env) input and is used for internal 
timing. 

_ The carrier detect circuit is used to signal the fast carrier 
(FCar) input that a carrier is present. Immediately after FCar 
has received a negative transition, the internal phase-lock 
loop temporarily widens its band width so that it can quickly 


adjust the internal timing of the MC6173 with respect to the - 


1200 Hz Env input (this is called fast Sync or fast training). 
The timing adjustments are made so that each dibit can be 
sampled at the most advantageous places. 

The internal circuitry digests the dibit samples and pro- 
duces the digital data (Rx Data) along with the receive data 
clock (Rx Clk). These two signals are used to drive a serial- 
to-parallel interface such as an MC6852 Synchronous Serial 
Interface Adapter. 


PIN DESCRIPTION 


FAST CARRIER (FCar), Pin 2 — A negative transition on 
this input will force a period of approximately 8.3 ms of fast 
training for both baud and carrier timing. Fast Sync or fast 


*The postive transition of the 1200 Hz signal, present at the 
Env input, provides a divide-by-20 counter with every other 
clock. This will cause approximately 8.3 ms of fast training 
to the incoming signal at the demodulator. 


training allows for large corrections to be made in the inter- 
nal timing of the demodulator. After the fast training period, 
the timing should be reasonably well adjusted. Small adjust- 
ments are made automatically to maintain proper phase rela- 
tionships internally after the fast-train period. 

The FCar input, which normally comes from the carrier 
threshold detect circuits, must remain at a low level during 
the entire period of baud and carrier synchronization. 

A positive level on the FCar input will disable the baud and 
carrier correction circuitry. Baud and carrier timing are then 
direct derivatives of the 1.8432 MHz clock as illustrated in 
Figure 4. — 

The first positive edge of the envelope (Env) input will be 
totally asynchronous to the demodulator. This will be + %_ 
cycle of the 2400 clock (+208 ys). The nine following 
positive edges will introduce added tolerance equal to nine 
times the offset of Env from the absolute 1200 Hz (as defined 
by the 1.8432 MHz +0.005% clock). Thus... 

Max Fast Train Time=4.17 ms+9 fEny+0.21 ms 

= 4.38 ms + 9/fEny 

Min Fast Train Time =4.17 ms—0.21 ms+9/fEny 

= 3.96 ms + 9/fEny 


DATA-CLAMP DELAY (DCD), Pin 3 — Data-clamp delay 
enables the selection of one of four delays during which Rx 
Data is held to a logic-high condition. This delay is measured 
from the negative edge of FCar. The four options are avail- 
able at one pin through the use of the internal multiplexing in 
the demodulator. Options 3 and 4 are available by demulti- 
plexing the dibit clock as demonstrated in Figure 5. The 
available delay options are listed in Table 1, these times will 
be approximate due to their direct relationship to the Env 
input during the first 8.3 ms. Also, these times are further 
dependent upon carrier offset. The delays given in Table 1 
assume no carrier offset and that Env is synchronous with 
the Tx Clk. Figure 4 is illustrative of the timing and sequenc- 
ing of this circuit. 

A scheme for programming the data-clamp delay is it 
lustrated in Figure 5. The DCD input may either be a con- 
stant high or low level which will produce options 1 and 2. If 
the input ‘A’ is exclusive ORed with the dibit clock options 3 
and 4 are produced at the same input pin. 


ENVELOPE (Env), Pin 10 — The envelope input comes 
from the 1200 Hz envelope detection circuitry. Envelope 
detection will normally consist of a 1200 Hz filter and a 
voltage comparator to generate an approximate limited 
square wave. This is normally derived from a constant mark 
signal sent by the modulator for Sync acquisition purposes. 

Each positive edge that is input to Env will reset both baud 
timing and the dibit clock to a logic 0'’. The optimum timing 
of the positive transition at the Env input will be tEp prior to 
the falling edge of the dibit clock. Timing is illustrated in 
Figure 6. 

Env will be effective in the training of baud timing and dibit 
clock only if FCar is in the active low state. 

Minimum positive pulse width at the Env is =2.17 ps. 


NEW-SYNC (NSync), Pin 11 — This input port is normally 
controlled by the business machine. If FCar is at an active 
low, then an active low pulse in excess of 0.84 ms on the 
NSync lead will put the demodulator into the fast-Sync 
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FIGURE 4 — DEMODULATOR SYNC TIMING DIAGRAM 
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~8.3 ms 


| 
| 
| 
a | 
| 
| 


S  ceesetemneneinieeenaneeienemeenennnem 
~ 10 Bauds 
FCar 
| [ 
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! | 
| 
| Data Clamp Delay l 
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Low . ae 6 us | 
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High @ DBC 20.83 ms | 
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TABLE 1 — DATA-CLAMP DELAY OPTIONS FIGURE 5 — DATA-CLAMP DELAY DEMULTIPLEXER 


Data-Clamp Delay 
4.17 ms+35 us 


20.83 ms+ 35 us 
104.17 ms +35 ys 


MC6173 
‘Demodulator 
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FIGURE 6 — ENVELOPE CLOCK TIMING DIAGRAM 


<«t—— Dibit —_____> 
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Rectified 
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Env 


‘tED 
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or fast-train mode (these terms are synonymous). 

Activation of NSync allows large corrections to be made 
to both baud and carrier timing similar to initial activation of 
the FCar lead. These corrections will be applied for approxi- 
mately 8.3 ms. The receiver must complete the 8.3 ms period 
of fast Sync before another NSync is recognized. 


CARRIER-SYNC (CarS), Pin 15 — When CarS is taken to 
an active low, baud timing will be taken from the Env input. 
In addition, the slow carrier correction will be doubled in the 
2400 baud mode as defined by the data-rate select (DRS) 
and phase-shift select (PSS) inputs. (This is not the same as 
the fast training that is incorporated when FCar or NSync are 
active, which is a changing of the bandwidth of the internal 
phase-lock loop [PLL]). This widening of the PLL band width 
will allow a faster search and lock on the 1800 Hz carrier. This 
Carrier-Sync mode will remain active as long as CarS is held 
in the active state. The normal application of this option 
would be to extend the training or Sync time under the mark 
input data condition that exceeds 8.3 ms. 

\f FCar is at a logic ‘1 inactive state, this input is ignored 
by the demodulator. 


A/D CLOCK (ADC), Pin 6 — This output will allow, in a 
serial format, the six A/D data bits plus sign information to 


be synchronously clocked into the demodulator. (See Figure 
8.) 


There are nine 1 ys positive pulses occuring at a 460 kHz 
rate. The first pulse, along with ADS, is used to begin the 
A/D conversion sequence. The next seven positive edges 
strobe data serially from the A/D converter to the 
demodulator input (RDI) enabling the demodulator to pro- 
perly decode the A/D data.’ 

This signal is also used to clock 0 and 90 degree eye data 
out of the demodulator. This is described in the Eye Pattern 
section. When TEn is low, ADC monitors check accumulator 
output (see TEn). 


A/D STROBE (ADS), Pin 8 — A positive going, approxi- 
mately 11 ys, pulse is used as an enable signal for a sample 
and hold circuit prior to the A/D converter. The negative 
edge of this pulse is used to start the conversion process. 
Pulse rate of this signal is 14.4 kHz which allows each dibit to 
be sampled 12 times. (See Figure 7.) When TEn is low, ADS 
Monitors zero crossings (see TEn). 


RECEIVER DATA INPUT (RDI), Pin 23 — The digital 
decode of the line signal magnitude, as sampled by the A/D, 
is input to the demodulator at this port. The data format is 
scaled binary. This sign bit occurs on the second A/D clock, 
followed by six magnitude bits which begin with the most- 
significant bit as shown in Figure 8. The data is strobed syn- 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-109 


MC6173 


FIGURE 7 — ANALOG TO DIGITAL SAMPLE SCHEME 


Dibit 


ADS 


chronously with the positive edges of the ADC. 

A logic one in the sign bit slot will represent a positive 
value. The magnitude of the six data bits increases from 
000000 to 111111 with all ones always representing the most- 
positive value as illustrated below: - 


RECEIVE DATA OUTPUT (Rx Data), Pin 9 — This pin is 
the demodulator output for mark and space serial data. Data 
is synchronous with the receiver clock output with the 
positive going edge of the receiver clock occurring in the 
center of the data bit. A mark is represented by a logic high 
(‘1’) level except for the conditions described under PSS 
and TPE. 

The Rx Data output is inhibited in a logic-high level when 
FCar is in the inactive high state. The delay from the positive 
edge of FCar to the inhibiting of data is 2 ys. 


RECEIVE CLOCK (Rx Clk), Pin 20 — The receive clock 
output provides the 2400 Hz +0.005% timing signal to the 


business machine for sampling the demodulated received - 


data marks and spaces (Rx Data). Receive clock is present at 
the demodulator chip output-at all times; is not clamped to 
an inactive state when the carrier detected is not presented. 
on FCar; nor is Rx Clk clamped by any other combination of 
inputs to the demodulator. 

Timing corrections to the receive clock, that are Suensiated: 
internally, are made following FCar going active. As describ- 
ed in FCar, if CarS is held active the receive clock is con- 
tinuously updated from dibit Sync. 

The positive transition of the Receive Clock, which occurs 
in the middle of the data bit, should be used to strobe data 
from the demodulator, under normal operating conditions. 
When TPE scrambler/descrambler is being incorporated, 
then the negative edge of the Rx Clk will occur in the center 
of the data bit. 

Receive Clock will be 2400 bps or 1200 bps depending on 
the logic input at the DRS input. The Rx Cik edges described 
above apply to either 2400 bps or 1200 bps data rates. 

Under TPE active, the Dibit relation to Rx Clk does not 
change. See Figure 9 for relative timing of Rx Clk, DBC and 
Rx Data. 

Figure 10 depicts the requirements at the demodulator if 
the data scrambler is being incorporated. The exclusive Nor 
gating of TPE and Rx Clk would then maintain proper phas- 
ing of Rx Clk as it goes to the RS-232 driver. This circuit 
would be required since the positive edge of Receive Clock is 
a Data Communications Standard. 
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FIGURE 8 — ANALOG-TO-DIGITAL TIMING DIAGRAM 
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DATA RATE SELECT (DRS), Pin 24 — The following The phase shifts shown are the difference in phase between 
levels are valid for either phase-shift select: the signal at the end of one dibit period and the new signal at 
Logic high equals 2400 bps, the beginning of the next dibit. 
Logic low equals 1200 bps. If the logic level inputs to PSS are EXORed with DBC 
(dibit clock) or DBC, then the test-pattern enable option may 
PHASE-SHIFT SELECT (PSS), Pin 17 — Option A be selected and produce the compliment of normal data at 
(CCITT) or option B (U.S.) phase shift can be selected for Rx Data as explained in the TPE description. (See Figure 11.) 
2400 bps operation. The input data format and phase shift 25 
relationship for these two options are as follows: TEST-PATTERN ENABLE (TPE), Pin 18 — Incorporated in 
the demodulator is the 511-bit test pattern shift register that 


PSS=0 PSS=1 is in accord with CCITT specification V52. This is the pattern 
Option A | Option B that is generated by feedback from the 5th and 9th stages of 
(Degrees) | (Degrees) a 9-bit shift register. 

When the TPE input is allowed to be pulled up internally, 
there is normal data flow through the receiver. When the 
TPE input is pulled low, the incoming data is passed through 
this self-synchronous decoder which will produce the inverse 
; of the 511-bit CCITT V52 pattern. 

For 1200 bps operation, option A (CCITT) or option B (U.S.) TPE works in coordination with PSS. If PSS is directly 
phase shift can be selected as follows: pulled high or low to represent option A or option B, then 
the presence of the 511-test pattern at the (RD!) input and 

TPE active will result in logic ‘’1’’ condition at Rx Data out- 
put. If the DBC option is being utilized at the PSS input and 
TPE is active while the 511-bit test pattern is being received, 
the receiver data output will equal a logic ‘’0’’. These options 
(Figure 11) are summarized in Table 2. 


Option A Option B 


(Degrees) | (Degrees) 
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This assumes the modulator is sending the 511-bit test 
pattern with Rx Data being either a constant mark (logic ‘'1’’) 
or space (logic ‘’0"’). If a logic ‘’0” is received in options 1 or 2 
or a logic ‘’1”’ is received in options 3 or 4, then a transmis- 
sion error has occurred. The number of errors-per-unit time 
is a measure of the transmission line quality. 

A feature of the above type of pattern detector is that it 
will be self-synchronizing. It should be pointed out that there 
will be at least two error counts, each time an error is 


If the TPE input is in the active state, it is important to note 
that the Rx Clk phase changes. The necessary circuit to 
regain proper phase is shown in Figure 10. 

A scheme for programming the phase-shift select is illus- 
trated in Figure 11. The PSS input may either be a constant 
high or low level which will produce options 1 and 2. If the in- 
put ‘’A”’ is exclusive ORed with the dibit clock, options 3 and 
4 are produced at the same input pin. 


1200 BPS A or B OPTION 


Rx Clk | | | | 


Rx Data | 
TPE=1 

Rx Data 

TPE=0 | | 


Dibit Clock | | | 


detected. 
FIGURE 9 — CLOCK TIMING DIAGRAM 
2400 BPS A or B OPTION 
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Note: Timing measurements are refer- 
enced to and from a low voltage 
of 0.8 volts and a high voltage of 
2.0 volts, unless otherwise noted. 


FIGURE 10 — DEMODULATOR DATA SCRAMBLER RECEIVE 
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FIGURE 11 — PHASE-SHIFT SELECT DEMULTIPLEXER 
FOR TEST PATTERN ENABLE 


TABLE 2 — TEST PATTERN ENABLE OPTIONS 


imal eee | iii. 
TPE C {Option Output State 
| 0 | Rx Data Output=1_ 
| 1 | Rx Data Output=1 | 
30 |1|oac| a [osc 
So A a 


CLOCK (Clk), Pin 14 — A 1.8432 MHz signal input 
+ 0.005% is required at this port. The clock requirements are 
the same as the modulator clock specifications. See Figure 
12 for a suggested clock circuit. 

The receive clock is generated by dividing down the 1.8432 
MHz. Since receive clock accuracy must be at least 
+0.005%, the clock source must be of the same accuracy. 


TEST-CLOCK (TCik), Pin 13 — This input is used for pro- 
duction testing of the demodulator device. In normal opera- 
tion this pin should be left open which will enable the internal 
pullup resistor. 


0 Degree Eye 
90 Degree Eye 


0 Degree Carrier 
Carrier Correction 


These test outputs are explained in the test enable (TEN) 
description below. 


MC6173 
Demodulator: 


TEST ENABLE (TEn), Pin 16; 0° Eye, Pin 5; 90° Eye, Pin 4; 
0° Car, Pin 7; CCor, Pin 19 — These pins allow the monitor- 
ing of ten internal points within the demodulator. A low level 
on TEn is normally associated with testing of the 
demodulator such as in a production test environment or in- 
coming testing. Activation of TEn affects internal timing. 


TABLE 3 — INTERNAL MONITORS 


See Description Under ADS (Pin 8) 

Monitors Zero Crossings 

See Description Under ADC (Pin 6) 

Monitors Check Accumulator Output 

Monitors 0 Degree Eye 2s Complement 
Information from 6 Tap Filter 

Monitors 0 Degree Eye 2s Complement 
Information from 12 Tap Filter 

Monitors 90 Degree Eye 2s Complement In- 
formation from 12 Tap Filter 


(Pin 8) 


ADC 
(Pin 6) 


Monitors 0 Degree Carrier 

Monitors Check Accumulator Compare Errors 
Monitors Carrier Correction Enable 

Monitors Carrier Correction Direction 


(Pin 7) 


CCor 
(Pin 19) 


DIBIT CLOCK (DBC), Pin 21 — This output is a 1200 Hz 
clock which is derived from incoming data envelope and pro- 
vides a dibit reference. This signal is representative of ‘data 
derived timing.’’ When studying the quality of the 
demodulated signal, through the use of eye patterns, this 
output is necessary for proper synchronization of the 
oscilloscope. 


TEST STROBE (TStr), Pin 22 — This input is used to 
facilitate testing of the demodulator during the manufactur- 
ing process. It should be left unconnected which will result in 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-113 


MC6173 


FIGURE. 12 — OSCILLATOR CONFIGURATION 


To Clk Pin 14 


U1=MC14069 
Y1= 1.84324 .005% 


ec 


the internal pullup resistor causing the high level on this pin. 
Vss Pin 1= The most negative supply, typically ground. 
Vcc Pin 12= The most positive supply, typically 5 volts. 


DATA SCRAMBLER 


The scrambling of data in the data communication en- 
vironment is not done in an attempt to encrypt information in 
the normal sense of the word. Rather, the purpose of the 
scrambling of data is to guarantee that, with respect to the 
modem carrier, there is always random data on the line with 
little chance for a long string of “1s” or ‘’Qs’’ to exist. This is 
particularly important if an adaptive equalizer is being incor- 
porated in the modem as the adaptive equalizer will require 
reasonably evenly distributed data to optimize its statistical 
response to the incoming signal. The normally used code is 
the CCITT 511 sequence which is EXORed with data. 


The Motorola 2400 bps modulator contains a CCITT 
511-bit test-pattern generator. It does not, however, incor- 
porate the 511 data randomizer or scrambler. To scramble 
data using the MC6172 modulator, the circuit in Figure 10 
must precede the Tx Data input of the modulator. Tx Data is 


added to the scrambler output pattern; then, the data is 
delayed by a full data bit before being transmitted by the 


modem. This assures a proper transmit-data/transmit-clock 
phase relationship. If the data scrambler is to be an optional 
feature, then the transmit-data multiplexer would also have 
to be built. This is selected by the test-pattern enable signal 
or any other signal that is found suitable. 

The demodulator does contain a built-in data descrambler 
which is enabled by the TPE input going active. The receive 
phasing, with respect to data, changes when TPE goes ac- 
tive. The exclusive NOR gating of TPE and Rx Cik, as shown 
in Figure 10 will maintain proper phase of Rx Clk. This cir- 
cuit is required since the clocking of data on a positive edge 
is a data communications standard. 


EYE PATTERN 


When performing an evaluation of an 2400 bps modem, 
one common point of comparison is the quality of the eye 
patterns produced by the demodulator. The eye pattern may 
also be used as an indicator of the incoming signal with 
respect to level and line perturbations. Eye patterns are for 
test and evaluation only and are not used in the demodula- 
tion of the incoming signal. | 

Timing information in the Motorola 2400 bps demodulator 
is derived directly from the demodulated data signal. This is 
referred to as data derived, timing. The advantage of data 


FIGURE 13 — MODULATOR CCITT 511 DATA SCRAMBLER 
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derived time is that it allows data to be sampled at optimum 
times. The demodulated signals, in differential phase-shift 
keying, take the form of ‘‘eye patterns’ as shown in Figure 
14. The demodulator, in optimizing its performance for 
minimum error rates, strobes data at the point of maximum 
eye opening. The demodulator constantly examines the eye 
Opening to assure that the data sample is being taken at 
exactly the optimum point. As a-result of constantly ad- 
justing timing control, correct sampling is maintained. This 
technique provides improvements in reception that are 
significant, especially in a poor communications media en- 
vironment. 

The circuit in Figure 16 is required to observe the eye pat- 
terns. This circuit was built using Motorola CMOS devices. 
The 0 and 90 degree eye data is strobed from pins 4 and 5, 
respectively, into the shift register by the A/D clock. The 


A/D strobe then latches the data sample into the ‘‘D”’ type 
storage devices. The output of the storage devices taken 
across the scaled resistors will then represent the appropriate 
value of the sample taken. To properly observe the actual 
eye patterns, it is necessary to Sync on dibit clock while 
observing the 0 to 90 degree eye data. Overlaying the two 
patterns produces a two-level digital-eye pattern from which 
the quality of the incoming signal may be judged. 

Figures 15 thru 17 show a typical receive/ demodulator and 
transmit/modulator circuit, respectively. The transmit filter 
illustrated in Figure 17 limits the bandwidth of the signal to 
those frequencies allowed on a telephone line. The receive 
filter and equalizer in Figure 15 clean up and normalize the in- 
coming signal for the A/D network, 1200 Hz envelope detec- 
tor, and 1800 Hz carrier detector. 


FIGURE 14 — EYE PATTERN 
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FIGURE 15 — 2400 BPS DPSK DEMODULATOR SYSTEM 
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FIGURE 16 — 2400 BPS DPSK DEMODULATOR SYSTEM 
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FIGURE 17 — 2400 BPS DPSK MODULATOR SYSTEM 
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0-600 bps DIGITAL MODEM MOS 


The MC6860 is a MOS subsystem designed to be integrated into a 
wide range of equipment utilizing serial data communications. 

The modem provides the necessary modulation, demodulation and 
supervisory control functions to implement a serial data communica- 0-600 bps 
tions link, over a voice grade channel, utilizing frequency shift keying DIGITAL MODEM 
(FSK) at bit rates up to 600 bps. The MC6860 can be impiemenied inio a 
wide range of data handling systems, including stand alone modems, 
data storage devices, remote data communication terminals and |/O in- 
terfaces for minicomputers. 

N-channel silicon-gate technology permits the MC6860 to operate us- 
ing a single-voltage supply and be fully TTL compatible. 

The modem is compatible with the M6800 microcomputer family, in- 
terfacing directly with the Asynchronous Communications Interface 
Adapter to provide low-speed data communications capability. 


@ Originate and Answer Mode 

@ Crystal or External Reference Control 

@ Modem Self Test 

@ Terminal Interfaces TTL-Compatible 

@ Full-Duplex or Half-Duplex Operation 

@ Automatic Answer and Disconnect 

® Compatible Functions for 100 Series Data Sets 
@ Compatible Functions for 1001A/B Data Couple 


(N-CHANNEL, SILICON-GATE) 


L SUFFIX 
CERAMIC PACKAGE 
CASE 623 


P SUFFIX 
PLASTIC PACKAGE 
CASE 709 


FIGURE 1 — TYPICAL MC6860 SYSTEM CONFIGURATION 
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This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- 


—0.3 to +7.0 vised that normal precautions be taken to 
Operating Temperature Range oC avoid application of any voltage higher than 
C 


maximum rated voltages to this high im- 
Reliability of operation is enhanced if unus- 
ed inputs are tied to an appropriate logic 
THERMAL CHARACTERISTICS voltage level (e.g., either Vgs or Vcc). 
Symbol 


Thermal Resistance ; 
Ceramic 9A 65 °C/W 
Plastic 120 | 


[Symber_[ vane | uni] 
aoa 


POWER CONSIDERATIONS 


‘The average chip-junction temperature, Ty, .in °C can be obtained from: 
Ty=TAt+(PpedJa) . 3 (1) 
Where: 

Ta=Ambient Temperature, °C 
6 JA Package Thermal Resistance, Junction-to-Ambient, °C/W 
Pp =PINT+PPORT | | 
PINT=icc x Vcc, Watts — Chip Internal Power 
PporT = Port Power Dissipation, Watts — User Determined 


For most applications PPoRT<P|NT and can be neglected. PporRT may become significant if the device is configured to 
drive Darlington bases or sink LED loads. 


An approximate relationship between Pp and Ty (if PPORT is neglected) is: 


Pp=K+(Tj+ 273°C) (2) 
Solving equations 1 and 2 for K gives: . 
K =Ppe(TA + 273°C) + @JAePD2 (3) 


Where K is a constant pertaining to the particular part. K can be determined from equation 3 by measuring Pp (at equilibrium) 


for a known Ta. Using this value of K the values of PD and Ty can be obtained by solving equations (1) and (2) iteratively for any 
value of TA. 
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DC ELECTRICAL CHARACTERISTICS . 

(Vcc =5.0 +5% Vdc, all voltages referenced to Vgsg=0, TA=TL to TH, all outputs loaded as shown in Figure 2 unless otherwise noted.) 
po Characteristic Symbol | Min | Typ | Max | Unit 
| Input High Voltage, All Inputs Except Crystal Ti | 20 | = vce Tv 
Vss 


Crystal Input Voltage 
(Crystal Input Driven from an External Reference, Input Coupling Capacitor = 200 pF, 
Duty Cycle=50+5%) 
Input Current 
(Vin=Vss) 


Input Leakage Current (Vi, =7.0 V, Vcc =Vss, TA= 25°C) 


Output High Voltage, All Outputs Except An Ph and Tx Car 
(1IQH1= —0.04 mA, Load A) . 


*Maximum Input Transition Times are <0.1 x Pulse Width or the specified maximum of 1.0 us, whichever is smaller. 


FIGURE 2 — OUTPUT TEST LOADS 


Load A — TTL Output Load for Receive Break, Digital Carrier, Mode, Clear-to-Send, 


Load B — Answer Phone Load 
and Receive Data Outputs 
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FIGURE 3 — BLOCK DIAGRAM 
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DEVICE OPERATION* 


GENERAL 


Figure 1 shows the modem and its interconnections. The 
data to be transmitted is presented in serial format to the 
modulator for conversion to FSK signals for transmission on 
the telephone line (refer to Figure 3). The modulator output 
is buffered before driving the line. ; 

The FSK signal from the remote modem is received via the 
telephone line and filtered to remove extraneous signals such 
as the local Transmit Carrier. This filtering can be either a 
bandpass which passes only the desired band of frequencies 
or a notch which rejects the known interfering signal. The 
desired signal is then limited to preserve the axis crossings 
and fed to the demodulator where the data is recovered from 
the received FSK carrier. - . 

The Supervisory Control provides the necessary com- 
mands and responses for handshaking with the remote 
modem, along with the interface signals to the data coupler 
and communication terminal. If the modem is a built-in unit, 


*See Tables 1 and 2 for delay time tolerances. 


all input-output (I/O) logic need not be RS-232 compatible. 


_ The use of MC1488 and MC1489A line drivers and receivers 


will provide a RS-232 interface conforming to the EIA 
specification. 


ANSWER MODE 


Automatic answering is first initiated by a receipt of a Ring 
Indicator (RI) signal. This can be either a low level for at least 
51 ms as would come from a CBS data coupler, or at least 
20 cycles of a 20-47 Hz ringing singal (low level = 50% of the 
duty cycle) as would come from a CBT data coupler. The 
presence of the Ring Indicator signal places the modem in 
the Answer Mode; if the Data Terminal Ready line is low, in- 
dicating the communication terminal is ready to send or 
receive data, the Answer Phone output goes high. This out- 
put is designed to drive a transistor switch which will activate 
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the Off Hook (OH) and Data Transmission (DA) relays in the 
data coupler. Upon answering the phone the 2225-Hz 
Transmit Carrier is turned on. 

The originate modem at the other end detects this 2225-Hz 
signal and after a 450 ms delay (used to disable any echo 
suppressors in the telephone network) transmits a 1270-Hz 
signal which the local answering modem detects, provided 
the amplitude and frequency requirements are met. The 
amplitude threshold is set external to the modem chip. If the 
signal level is sufficient the TD input should be low for 20 ys 
at least once every 32 ms. The absence of a threshold indica- 
tion for a period greater than 51 ms denotes the loss of 
Receive Carrier and the modem begins hang-up procedures. 
Hang-up will occur 17 s after Rl has been released provided 
the handshaking routine is not re-established. The frequeny 
tolerance during handshaking is + 100 Hz from the Mark fre- 
quency. 

After the 1270-Hz signal has been received for 150 ms, the 
Receive Data is unclamped from a Mark condition and data 
can be received. The Clear-to-Send output goes low 450 ms 
after the receipt of carrier and data presented to the answer 
modem is transmitted. Refer to Figure 4. 


AUTOMATIC DISCONNECT 


Upon receipt of a space of 150 ms or greater duration, the 
modem clamps the Receive Break high. This condition exists 
until a Break Release command is issued at the receiving sta- 
tion. Upon receipt of a 0.3 s space, with Enable Short Space 
Disconnect at the most negative voltage (low), the modem 
automatically hangs up. If Enable Long Space Disconnect is 
low, the modem requires 1.5 s of continuous space to hang 
up. Refer to Figure 5. 


ORIGINATE MODE 


Upon receipt of a Switch Hook (SH) command the 
modem function is placed in the Originate Mode. If the Data 
Terminal Ready input is enabled (low) the modem will pro- 
vide a logic high output at Answer Phone. The modem is 
now ready to receive the 2225-Hz signal from the remote 
answering modem. It will continue to look for this signal until 
17s after SH has been released. Disconnect occurs if the 
handshaking routine is not established. 

Upon receiving 2225+ 100 Hz for 150 ms at an acceptable 
amplitude, the receive Data output is unclamped from a 
Mark condition and data reception can be accomplished. 
450 ms after receiving a 2225-Hz signal, a 1270-Hz signal is 
transmitted to the remote modem. 750 ms after receiving the 
2225-Hz signal, the. Clear-to-Send output is taken low and 
data can now be transmitted as well as received. Refer to 
Figure 6. 


INITIATE DISCONNECT 


In order to command the remote modem to automatically 
hang up, a disconnect signal is sent by the local modem. 
This is accomplished by pulsing the normally low Data Ter- 
minal Ready into a high state for greater than 34 ms. The 
local modem then sends a 3 s continuous space and hangs 
up provided the Enable Space Disconnect is low. If the 
remote modem hangs up before 3s, loss of Threshold 
Detect will cause loss of Clear-to-Send, which marks the line 
in Answer Mode and turns the carrier off in the Originate 
Mode. 


lf ESD is high the modem will transmit data until hang-up 
occurs 3 s later. Receive Break is clamped 150 ms following 
the Data Terminal Ready interrupt. Refer to Figure 7. 


INPUT/OUTPUT FUNCTIONS 


Figure 8 shows the 1!/O interface for the low speed 
modem. The following is a description of each individual 
signal: 


Receiver Carrier (Rx Car) 

The Receive Carrier is the FSK input tc the demodulator. 
The local Transmit Carrier must be balanced or filtered out 
and the remaining signal hard limited. The conditioned 
receive carrier is measured by the MC6860. Any half-cycle 
period greater than or equal to 429 + 1.0 us for the low band 
or 235 +1.0 ws for the high band is detected as a space. 
Resultant peak phase jitter is as follows: 


Data Rate Answer Mode Originate Mode 
Bits per Second J (Peak %) oJ (Peak %) 


3.7 


Ring Indicator (RI) 

The modem function will recognize the receipt of a call 
from the CBT data coupler if at least 20 cycles of the 
20-47 Hz ringing singal (low level 250% of the duty cycle) 
are present. The CBS data coupler Ri signal must be level- 
converted to TTL according to the EIA RS-232 specification 
before interfacing it with the modem function. The receipt of 
a call from the CBS data coupler is recognized if the RI signal 
is present for at least 51 ms. This input is held high except 
during ringing. An RI signal automatically places the modem 
function in the Answer Mode. 


Switch Hook (SH) 

SH interfaces directly with the CBT data coupler and via 
the EIA RS-232 level conversion for the CBS data coupler. 
An SH signal automatically places the modem function in the 
Originate Mode. 

SH is low during origination of a call. The modem will 
automatically hang up 17s after releasing SH if the hand- 
shaking routine has not been accomplished. 


Threshold Detect (TD) 

This input is derived from an external threshold detector. If 
the signal level is sufficient, the TD input must be low for 
20 ps at least once every 32 ms to maintain normal opera- 
tion. An insufficient signal level indicates the absence of the 
Receive Carrier; an absence for less than 32 ms will not 
cause channel establishment to be lost; however, data dur- 


ing this interval will be invalid. 


\f the signal is present and the level is acceptable at all 
times, then the threshold input can be low permanently. 

Loss of threshold for 51 ms or longer results in a loss of 
Clear-to-Send. The Transmit Carrier of the originate modem 
is clamped off and a constant Mark is transmitted from the 
answer modem. 
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TIMING DIAGRAMS. 


FIGURE 4 — ANSWER MODE 
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FIGURE 5 — AUTOMATIC DISCONNECT — LONG OR SHORT SPACE 
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FIGURE 6 — ORIGINATE MODE 
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FIGURE 7 — INITIATE DISCONNECT 
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Receive Data Rate (Rx Rate) 


The demodulator has been optimized for signal-to-noise | 


performance at 300 bps and 600 bps. The Receive Data Rate 
input must be low for 0-600 bps and should be high for 
0-300 bps. 


Transmit Data (Tx Data) | | . 

Transmit Data is the binary information presented to the 
modem function for modulation with FSK techniques. A 
high level represents a Mark. 


Data Terminal Ready (DTR) 

The Data Terminal Ready signal must be low before the 
modem function will be enabled. To initiate a disconnect, 
DTR is held high for 34 ms minimum. A disconnect will oc- 
cur 3 s later. 


Break Release (Brk R) 

After receiving a 150 ms space signal, the clamped high 
condition of the Receive Break output can be removed by 
holding Break Release low for at least 20 ys. 


Transmit Break (Tx Brk) 


The Break command is used to signal the remote modem 
to stop sending data. 

A Transmit Break (low) greater than 34 ms forces the 
modem to send a continuous space signal_for 233 ms. 
Transmit Break must be initiated only after CTS has been 
established. This is a negative edge sense input. Prior to in- 
itiating Tx Brk, this input must be held high for a minimum of 
34 ms. . 


Enabled Space Disconnect (ESD) 

When ESD is strapped low and DTR is pulsed to initiate a 
disconnect, the modem transmits a space for either 3s or 
until a loss of threshold is detected, whichever occurs first. If 
ESD is strapped high, data instead of a space is transmitted. 
A disconnect occurs at the end of 3s. 


Enable Short Space Disconnect (ESS) 


ESS is a strapping option which, when low, will 
automatically hang up the phone upon receipt of a con- 
tinuous space for 0.3s. ESS and ELS must not be 
simultaneously strapped low. 


Enable Long Space Disconnect (ELS) 

ELS is a strapping option which, when low, will 
automatically hang up the phone upon receipt of a con- 
tinuous space for 1.5 s. 


Crystal (Xtal) 

A 1.0 MHz crystal with the following parameters is re- 
quired to utilize the on-chip oscillator. A 1.0-MHz square 
wave can also be fed into this input to satisfy the clock re- 
quirement. 


Mode: Parallel 
Frequency: 1.0 MHz +0.1% 
Series Resistance: 750 ohms max 
Shunt Capacitance: 7.0 pF max 
Temperature: 0-70°C 

Test Level: 1.0 mW 

Load Capacitance: 13 pF 


FIGURE 8 — I/O INTERFACE CONNECTIONS FOR MC6860 
(ORIGINATE/ANSWER MODEM) 
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When utilizing the 1.0 MHz crystal, external parasitic. 


Capacitance, including crystal shunt capacitance, must be 
<9 pF at the crystal input. Reliable crystal oscillator start-up 
requires that the VCC power-on transition time be >15 
milliseconds. 


Test Clock (TST) 


A test signal input is provided to decrease the test time of 
the chip. In normal operation this input must be strapped 
low. 


Self Test (ST) 


When a low voltage level is placed on this input, the 
demodulator is switched to the modulator frequency and 
demodulates the transmitted FSK_ signal. Channel 
establishement, which occurred during the initial handshake, 
is not lost during self test. The Mode Control ouput changes 
state during Self Test, permitting the receive filters to pass 
the local Transmit Carrier. 


. *Note maximum SH low time in Table 1. 


Answer Phone (An Ph) 

Upon receipt of Ring Indicator or Switch Hook signal and 
Data Terminal Ready, the Answer Phone output goes high 
[((SH+Rl)*DTRI]. This signal drives the base of a transistor 
which activates the Off Hook, and Data Transmission control 
lines in the data coupler. Upon call completion, the Answer 
Phone signal returns to a low level. 


Mode 

The Mode output indicates the Answer (low) or Originate 
(high) status of the modem. This output changes state when 
a Self Test command is applied. 


Clear-To-Send (CTS) 


A low on the CTS output indicates the Transmit Data in- 
put has been unclamped from a steady Mark, thus allowing 
data transmission. 


Receive Data (Rx Data) 


The Receive Data output is the data resulting from 
demodulating the Receive Carrier. A Mark is a high level. 


Receive Break (Rx Brk) 

Upon receipt of a continuous 150 ms space, the modem 
automatically clamps the Receive Break output high. This 
output is also clamped high until Clear-to-Send is establish- 
ed. 


Digital Carrier (FO) 
A test signal output is provided to decrease the chip test 
time. The signal is a square wave at the transmit frequency. 


Transmit Carrier (Tx Car) 

The Transmit Carrier is a digitally-synthesized sine wave 
(Figure 9) derived from the 1.0 MHz crystal reference. The 
frequency characteristics are as follows: 


Gain (-dB) 


Transmit ‘ 


Originate 
Originate 
Answer 

Answer 


*The reference frequency tolerance is not included. 


The proper output frequency is transmitted within 3.0 ys 
following a data bit change with no more than 2.0 ps phase 
discontinuity. The typical output level is 0.35 V (RMS) into 
100 k ohm load impedance. 

The second harmonic is typically 32 dB below the fun- 
damental (see Figure 10). 


POWER-ON RESET 


Power-on reset is provided on-chip to insure that when 
power is first applied the Answer Phone output is in the low 
(inactive) state. This holds the modem in the inactive or idle 
mode until a SH or RI signal has been applied. Once power 
has been applied, a momentary loss of power at a later time 
may not be of sufficient time to guarantee a chip reset 
through the power-on reset circuit. 

To insure initial power-on reset_ action, the external 
parasitic capacitance on RI and SH should be <30 pF. 
Capacitance values > 30 pF may require the use of an exter- 
nal pullup resistor to Vcc on these inputs in addition to the 
pullup devices already provided on chip. 


Amplitude (0.5 V/Div) 


Time (0.2 ms/Div) 
FIGURE 9 — TRANSMIT CARRIER SINE WAVE 
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FIGURE 10 — TRANSMIT CARRIER 
FREQUENCY SPECTRUM 
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TABLE 1 — ASYNCHRONOUS INPUT PULSE WIDTH AND OUTPUT DELAY VARIATIONS 
(Time delays specified do not include the 1-MHz reference tolerance.) 


Due to the asynchronous nature of the input signals with respect to the circuit internal clock, a delay variation or input 
pulse width requirement will exist. Time delay A is the maximum time for which no response will occur. Time delay B is the mini- 
mum time required to guarantee an input response. Input signal widths in the cross-hatched region (i.e., greater than A but fess 


than B) may or may not be recognized as valid. 


For output delays, time A is the minimum delay before an output will respond. Time B is the maximum delay for an output 
to respond. Output signal response may or may not occur in the cross-hatched region (i.e., greater than A but fess than 8). 


INPUT PULSES OUTPUT DELAYS 


~— OTR 
Ri (Initiate 
Space Disconnect) 


A=32 m— Mk/Sp ZZ 
A= 16 ms 
B = 51 ms 


B= 34ms 


(from CBS) 


DTR 


(Initiate Space 
Disconnect) 


An Ph 


DTR 


TD 2° (Initiate: 


Space 
. (Loss of Disconnect) | 


 //////7 
pes dee eat | 


B= 185 ms 


Threshold) | Rx Brk 


Answer Mode 


a TD due to Rx Car (1270 Hz) 
ee 


(Initiate Space CTS or Rx Brk A = 432 ms ——o 
Disconnect) 


B = 451 ms 


*Digital Representation. (continued) 
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TABLE 1 — OUTPUT DELAY VARIATIONS (continued) 


A = 16949 ms —~| 


Ph B = 17034 ims - 


TD 


(Loss of | i 
Threshold) 


CTS or Rx Brk 


Originate Mode 


TD TD due to Rx Car (2225 Hz) 
| CIENT NETS 


yqZ CTS or Rx Brk 
A= 1496 we A = 731 | 


B = 1520 ms -B = 752 ms 


Originate Mode 


Dat =— ae 
fag a ae pase TD TD due to Rx Car (2225 Hz) 
ee NN hc a aR AR RC ALE RO 


B= 151 ms 


*Digital Representation 


TABLE 2 — TRANSMIT BREAK AND DISCONNECT DELAYS 


Function Description 


Tx Brk (Space Duration) 232 235 


Space Disconnect (Space Duration) 3010 
(DTR = High, ESD and TD = Low) 


Loss of Carrier Disconnect 16965 17034 
(Measured from positive edge of CTS to nega- 
tive edge of An Ph, with RI, SH, and TD = High) 


Override Disconnect 
(Measured from positive edge of RI or SH to 
negative edge of An Ph, with TD = High) 
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FIGURE 11 — FLOW. DIAGRAM 


Enter 


Modem Idle 


Yes 
No No 
Mode Goes High Mode Goes Low Mode Goes High Mode Goes Low 


Yes 


Answer No 
Mode 
Yes 


An Ph Goes High. 
Transmit 2225 Hz 
Remote Modem Responds 
With 1270 Hz 


An Ph Goes High 
Remote Modem Sends 
2225 Hz 


Threshold Yes 


Detected 


No 


Hang Up 
An Ph Goes 


Low 
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Note 1: 


FIGURE 11 — FLOW DIAGRAM (CONTINUED) 


Yes No 


Receive 
1270 Hz in 
_Band 


Receive Data 
Unclamped 
From Mark 


CTS and Rx Brk Go Low 
Unclamp Tx Data from 
Mark 


Data 
Transmission 


Transmit 
Break 


No 


CTS And Rx Brk 
Go High-Clamp 
Tx Data to Mark 


Clamp Tx Data 
to Space 


Note 2: 


Transmit Break, Initiate Space Disconnect, 
and Receive Space are mutually exclusive events. 


CTS And Rx Brk Go Low 
Unciamp Tx Data From 


CTS And Rx Brk 


Receive 
2225 HZ in 


Receive Data 
Unclamped 
From Mark 
SH Released 


Transmit 
Carrier 
1270 Hz 


Mark 


Go High 
Tx Car Off 


Due to loss of Rx Car, the modem will clamp 
Tx Data to a Mark in the Answer Mode and will 
turn off Tx Car in the Originate Mode. If Rx 
Car is detected before completion of Tx Brk or 
Initiate Space Disconnect, normal operation of 
Tx Brk or Initiate Space Disconnect wit! con- 
tinue until completion of their respective time 
delays. 
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FIGURE 11 — FLOW DIAGRAM (CONCLUDED) 


initiate 
Space Dis- 
connect 


No. 
No Receive 
Space » Ce ) 
eS Yes 4 
Answer No 
Mode Note 2 
Yes 
> “ 
<0.14s 
Delay 


Clamp Rx Brk 
High 


Yes 


Yes 


Clamp Tx Data 
. to Space 


Yes 


Rx Brk Goes 


High 


Delay 


Yes 


Delay 
Hang Up 
An Ph Goes 
Yes Low 
No Hang Up 
An Ph Goes Low 
Yes 
No Hang Up 
An Ph Goes Low 


Yes 


' Hang Up 
An Ph Goes Low 


No 
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WIDEBAND FSK RECEIVER WIDEBAND 


The MC13055 is intended for RF data link systems using carrier FSK 
frequencies up to 40 MHz and FSK (frequency shift keying) data RECEIVER 
rates up to 2.0M Baud (1.0 MHz). This design is similar to the . 
MC3356, except that it does not include the oscillator/mixer. The MONOLITHIC SILICON 
IF bandwidth has been increased and the detector output has been INTEGRATED CIRCUIT 
revised to a balanced configuration. The excellent signal strength 
metering circuit has been retained, as has the versatile data slicer/ 
comparator. ; 

@ Input Sensitivity 20 n.V @ 40 MHz 
@ Signal Strength Indicator Linear Over 3 Decades 
e@ Available in Surface Mount Package 


e@ Easy Application, Few Peripheral Components 


P SUFFIX 
PLASTIC PACKAGE 
CASE 648-08 


D SUFFIX 
PLASTIC PACKAGE 
CASE 751B-03 
(SO-16) 


FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM 


7 MC13055 1 Data 
Output 


O Carries Comparator 
Detect ground 16] Data Out 


Squelch ee + Comparator 
Heieer IF Ground — Comparator 
Carrier Detect 

Limiter Input | 5) Meter Drive 

Limiter Bias [6 | Detector Out 

Limiter Bias Detector Out 


Quad Bias] 8 | | 9] Quad Input 
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_ MAXIMUM RATINGS 


°C 
. °C 
; °C 


T ; 
Operating Ambient Temperature Range —40 to +85 
-65to +150. 


| Unit _| 
| Vado _| 
| Vae | 
Junction Temperature | | Piece Wt eee eh 
=e 
Le 


Storage Temperature Range 


Power Dissipation, Package Rating 


ELECTRICAL CHARACTERISTICS a 7 
(Vcc = 5.0 Vde, fo = 40 MHz, fmod = 1.0 MHz, Af = +1.0 MHz, Ta = 25°C, Test circuit of Figure 2) 


Characteristics 
Total Drain Current 
Data Comparator Pull-Down Current 
Meter Drive Slope versus Input . 
Carrier Detect Pull-Down Current _ 
Carrier Detect Pull-Up Current 
Carrier Detect Threshold Voltage 
DC Output Current | 
Recovered Signal 
Sensitivity for 20 dB S+N/N, BW = 5.0 MHz 
S+N/N at Vin = 50 pV Vi0 — V11 
Input Impedance @ 40 MHz 


Quadrature Coil Loading 


Coils — Shielded . 

Coilcraft UNI-10/142 

L1 Gray 8-1/2 Turns, nominal 300 wH 
L2 Black 10-1/2 Turns, nominal 380 wH 


or | 

TOKO Series E526HNA 
Carrier L1 Part No. 100301 
Detect Output ‘2 Part No. 100079 


O Meter Drive 


Detector 
Output 
@ 


C) e 
— 
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All curves taken with test conditions of ELECTRICAL CHARACTERISTICS, unless otherwise noted 


FIGURE 4 — METER CURRENT versus SIGNAL 


FIGURE 3 — OVERALL GAIN, NOISE, AM REJECTION 
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SIGNAL INPUT (dBm) 


FIGURE 6 — UNTUNED INPUT: METER CURRENT 
versus FREQUENCY 
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Hs 


FIGURE 5 — UNTUNED INPUT: LIMITING SENSITIVITY 
versus FREQUENCY 
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FIGURE 8 — DETECTOR CURRENT AND POWER SUPPLY 


FIGURE 7 — LIMITING SENSITIVITY AND DETUNING 
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FIGURE 10 — CARRIER mya pa: 
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FIGURE 9 — RECOVERED AUDIO versus TEMPERATURE 
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FIGURE 12 — INPUT LIMITING versus TEMPERATURE 


FIGURE 11 — METER CURRENT versus TEMPERATURE 
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FIGURE 13 — APPLICATION PRINTED CIRCUIT BOARD 


(Bottom View) 
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GENERAL DESCRIPTION 

The MC13055 is an extended frequency range FM IF, 
quadrature detector, signal strength detector and data 
shaper. It is intended primarily for FSK data systems. 
The design is very similar to MC3356 except that the 
oscillator/mixer has been removed, and the frequency 
capability of the IF has been raised about 2:1. The de- 
tector output configuration has been changed to a bal- 
anced, open-collector type to permit symmetrical drive 
of the data shaper (comparator). Meter drive and 
squelch features have been retained. 

The limiting IF is a high frequency type, capable of 
being operated up to 100 MHz. It is expected to be used 
at 40 MHz in most cases. The quadrature detector is 
internally coupled to the IF, and a 2.0 pF quadrature 
capacitor is internally provided. The 20 dB quieting sen- 
sitivity is approximately 20 nV, tuned input, and the IF 
can accept signals up to 220 mVrms without distortion 
or change of detector quiescent dc level. 

The IF is unusual in that each of the last 5 stages of 
the 6 stage limiter contains a signal strength sensitive, 
current sinking device. These are parallel connected and 
buffered to produce a signal strength meter drive which 


is fairly linear for IF input signals of 20 nV to 20 mVrms. 
(See Figure 4.) 

A simple squelch arrangement is provided whereby 
the meter current flowing through the meter load re- 
sistance flips a comparator at about 0.8 Vdc above 
ground. The signal strength at which this occurs can be 
adjusted by changing the meter load resistor. The com- 
parator( +) input and output are available to permit con- 
trol of hysteresis. Good positive action can be obtained 
for IF input signals of above 20 wVrms. A resistor R from 
Pin 13 to Pin 12 will provide VcC/R of feedback current. 
This current can be translated into an equal amount of 
hysteresis by Figure 4. 

The squelch is internally connected to the data shaper. 
Squelch causes the data shaper to produce a high (Vcc) 
output. 

The data shaper is a complete “floating” comparator, 
with diodes across its inputs. The outputs of the quad- 
rature detector can be fed directly to either or preferably 
both inputs of the comparator to produce a squared 
output swinging from Vcc to ground in inverted or non- 
inverted form. 
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MC14402 
MC14403 
MC14405 


CODEC-FILTER PCM-MONO-CIRCUIT 


The MC14400, MC14401, MC14402, MC14408, and MC14405 are all per 
channel codec-filter PCM mono-circuits. These devices perform the voice 
digitizing and recovery, as well as the band limiting and signal restoration CMOS LSI 
necessary in PCM systems. The MCi4400 and MCi4403 are generai purpose 


devices that are offered in a 16-pin package. They are designed to operate in | (LOW-POWER COMPLEMENTARY MOS) 
both synchronous and asynchronous applications and contain an on-chip 

precision voltage reference. The MC14401 is the same device, but offered in CODEC-FILTER 

an 18-pin package. In addition, it offers the user the capability of selecting PCM MONO-CIRCUIT 


from three peak overload voltages (2.5, 3.15 and 3.78 V). The MC14405 is a 
synchronous device in a 16-pin package intended for instrument use. The 
MC14402 is the full feature device which presents all of the options available 
on the chip. This device is packaged in a 22-pin DIP and 28-pin chip carrier 
package, and contains all the features of the MC14400 and MC14401 pius 
several more. Most of these features can be made available in a lower pin 
count package tailored to a specific user's application. Contact the factory for 
further details. 


: ‘ , MC14400/03/05 
The devices were designed to be upward compatible with the L SUFFIX 
MC14404/06/07 codecs and other industry standard codecs. They also main- CERAMIC PACKAGE 


CASE 620 


tain compatibility with Motorola’s family of TSACs (MC14416/ 
MC14417/MC14418) as well as the MC3419 SLIC. 

The PCM codec-filter mono-circuits utilize CMOS d 
power performance and proven capability for comple 
functions. 

MC14400 
@ 16-Pin Package 
@ On-Chip Precision Voltage Reference (3.15 


MC 14401 


@ Power Dissipation — 45 mW at 2.048 L SUFFIX 
0.1mW Pe sack CERAMIC PACKAGE 
@ Compatibility with Various S Configuration ee? 
+ 12 Volts (5%) 
@ Pin Selectable TTL and CMOS Digital Levels 
@ Automatic Prescale Divide of Any One of 5 Clock Frequencies 
(128 kHz, 1.536 MHz, 1.544 MHz, 2.048 MHz, or 2.56 MHz) to 
Generate the Internal Sequencing Clock wr 
@ Pin Selection of Both A-LAW/Mu-LAW Companding and D3/D4 NS 
' or CCITT Digital Formats ny | MC14402 
® Output Drive Capability for 600 and 900 Ohm Loads of +12 dBm ee L SUFFIX 
@ Synchronous and Asynchronous Operation : CERAMIC PACKAGE 
@ On-Chip Attendent Interrupt Conferencing CASES 


@ Transmit Bandpass and Receive Low-Pass Filters on Chip 
MC14401 — All of the Above Plus: 

@ 18-Pin Package 

@ Selectable Peak Overload Voltages (2.5, 3.15 and 3.78 Volts) 

@ Access to the ‘’Minus”’ Input of the Tx Input Op Amp 
MC14402 — All of the Above Plus: 

@ 22-Pin Package 

@ Variable Data Clocks (64 kHz to 3.088 MHz) 
@ Access to Transmit Input Amplifier 
@ 
@ 


MC14402 
Z SUFFIX 
28-PIN CHIP CARRIER 
CASE 763 
An External Precision Reference May Be Used 


External Gain Adjust for Complex SLIC Configurations ORDERING INFORMATION 
MC14403 
@ 16-Pin Package MC14XXXXX 
@ Same Device as MC14400 with Access to Transmit Input TT 
Amplifier with Single Ended Receive Output 
@® MSI Tied Internally to TDE 
MC14405 
@ 16-Pin Package 
@ Same Device as MC14403 with Common 64 kHz to 3.088 MHz Data Clocks 


= CCITT (G7.12) 
2 D3/D4 (PUB 43801) 
L Ceramic Package 
Z Leadless Ceramic Package 
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PCM MONO-CIRCUIT BLOCK DIAGRAM 


Vref RSI 


Vpp-Vss 


2 
Reference 
Generator 


Vv 
DD Receive Data Shift Register 


RDC 
Receive Data Latch = 


al And Data Formatter 
| -——— 


D/A 


Interrupt 
Control 7 Sequencer 


+1, 12, 16, 20 


ne a 


“A/D 
Sequencer 


xO wi 
co . 
a SAR Register ie 
T ; 
ao , — aaa i 
Txi (> Low-Pass High-Pass Subsystem Po Transmit Data Formatter = 
a ne Filter Filter f 
TOD 
wines . eid 
u Transmit Data Shift Register > = 
o> A i i lk TDE 
PDI ; S 
Vss VLS MSI 


MC14400/01/02/03/05 
NOTE: E> = Controlled by Vis 
* Rx = 100 kQ (Internal Resistor) 


—_ 
Seman 


DEVICE DESCRIPTIONS 


There are five distinct versions of the Motorola PCM 
mono-circuit. 


MC14400 

The MC14400 PCM mono-circuit is a PCM codec-filter in- 
tended for standard word interleaved synchronous or asyn- 
chronous applications. The TDC pin on this device is the in- 
put to both the TDC and CCI functions in the pin description. 
Consequently, for MS!I=8 kHz, TDC can be one of five 
discrete frequencies. These are 128 kHz (40 to 60% duty) 
1.536, 1.544, 2.048 or 2.56 MHz. (For other data clock fre- 
quencies see MC14402 or MC14405.) The internal reference 
is set for 3.15 volts peak full scale, and the full scale input 
level at Txl and output level at RxO is 6.3 volts peak-to-peak. 
This is the + 3 dBm0 level of the PCM mono-circuit. All other 
functions are described in the pin description. 


MC14401 


The MC14401 PCM mono-circuit offers the same features 
and is for the same application as the MC14400, but offers 
two additional pins and features. The reference select input 
allows the full scale level of the device to be set at 2.5 Vp, 
3.15 Vp or 3.78 Vp. The — Tx pin allows for external transmit 
gain adjust and simplifies interface to the MC3419 SLIC. 
Otherwise, it is identical to MC14400. 


MC14402 


The MC14402 PCM mono-circuit is the full featured 22-pin 
device. It is intended for use in applications requiring max- 
imum flexibility. The MC14402 contains all the features of the 


MC14400 and MC14401. The MC14402 is intended for bit 
interleaved or word interleaved operation with data clock fre- 
quencies which are non standard or time varying. One of the 
five standard frequencies (listed above) is applied to the CCl 
input and the data clock inputs can be any frequency be- 
tween 64 kHz and 3.088 MHz. The Vref pin allows for use of 
an external shared reference or selection of the internal 
reference and RxG and + Tx provide maximum flexibility for 
analog interface. : 


MC14403 


The MC14403 PCM mono-circuit is intended for standard 
word interleaved asynchronous or synchronous applications. 
TDC can be one of five discrete frequencies. These are 128 
kHz (40 to 60% duty) 1.536, 1.544, 2.048 or 2.56 MHz. (For 
other data clock frequencies see MC14402 or MC 14405.) The 
internal reference is set of 3.15 volts peak full scale, and the 
full scale input level at Tx! and output level at RxO is 6.3 volts 
peak-to-peak. This is the +3 dBm0 level of the PCM mono- 
circuit. The + Tx and — Tx inputs provide maximum flexi- 
bility for analog interface. All other functions are described in 


the pin description. 


MC14405 


The MC14405 PCM mono-circuit is intended for word 
interleaved synchronous applications. The MC14405 has all 
the features of the MC14403 but internally connects TDC 
and RDC (see pin description) to the DC pin. One of five 
standard frequencies (listed above) should be applied to CCl 
and the DC input can be any frequency between 64 kHz and 
3.088 MHz. 
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Vache VDD pYDD 
RxOQ2 RDD RDD 
+TxQ3 RCE RCE 
Txi 4 RDC RDC 
—~Tx 5 TDC TDC 
Mu/AQ6 TDD TDD 
Ppig7 TDE TDE 
Vos8 Vv MSI 


MC14402L 


MC14405 


MAXIMUM RATINGS (Voltage Referenced to Vss) 


Rating [Symbol_[ Value | Unit | 
DC Supply Voltage [Vpp-Vss | -0.5to13 | V_| 
| es 


V 
Voltage, Any Pin to Vss -—0.5 to Vpp +0.5{ V 


DC Current Drain per Pin (Excluding Vpp, Vss) Pt 10 mA | 
Operating Temperature Range 


Storage Temperature Range —85 to + 150 


RECOMMENDED OPERATING CONDITIONS 


0 to 70°C 0 to 70°C 
Parameter Unit 
Power Dissipation 


DC Supply Voltage Vcc to Vss ae a ae 
CMOS Mode 10 V 70 
110 
1.0 


Vpp to Vss m 
TTL Mode 10 V 


Power Down Dissipation 10 V Vpp to Vss | = | | 1.0 | mw | 


Z 
Z 
z 


Frame Rate Transmit and Receive 
Data Rate 

MC14400, MC14401, and MC 14403 

(Must Use One of These Frequencies) TDC, RDC k 

+2% 
Data Rate MCTA402, MCT4406 a 


Full Scale Output and Input Levels MC14400, MC14403, MC14405 


V 
Ww 
H 

H 
H 

Vp 


MC14401 and MC14402, Vref=VSs RSI=Vpp | —-RxO, Txl 
RSI=Vss 


RSI=VaG 
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DIGITAL LEVELS (T, =0 to 70°C) 
Parameter 


CMOS Mode 
TDE, RCE, RDD, PDi, RDC, TDC, DC, CCi, MSI 


TTL Mode 
TDE, RCE, RDD, PDI, RDC, TDC, DC, CCI, MSI 


TDD Output Current 
(TTL Mode) 


ANALOG TRANSMISSION PERFORMANCE 
(Vpp= +5 V +5%, Vss=—-5 V +5%, 0 dBm0= +6 dBm@600 2, VLs=VaGg=9, Ta=0 to 70°C, TDC= RDC; TDE= RCE=8 kHz) 


Characteristic 


Absolute Gain (0 dBm0 @ 1.02 kHz) 


Gain vs Level Tone (Relative to — 10 dBm0, 1.02 kHz) 
+3 to — 40 dBm0 
— 40 to —50 dBm0 
-— 55 dBm0 


Gain vs Level — Pseudo Noise (A-Law Only, MC144XXL1 Only) 
(Relative to — 10 dBm0) 
~ 10 to —55 dBm0 
— 60 dBm0 


Total Distortion — 1.02 kHz Tone (C Message) 
0 to — 30 dBm0 
~ 40 dBm0 
— 45 dBm0 


Total Distortion with Noise (A-Law Only, MC144XXL1 Only) 
—3 dBm0 
—6 to —27 dBm0 
— 34 dBm0 


— 40 dBm0O 
— 55 dBm0 


Idle Noise 
(Mu Law, C Message) 
(A Law, Psophometric. — MC144XXL1 Only) 


Frequency Response (Relative to — 10 dBm0, 1.02 kHz) 
15 to 60 Hz 
300 to 3000 Hz 
3400 Hz 
4000 Hz 
4600 Hz 


Inband Spurious (1.02 kHz@0O dBmO) . 
300 to 3400 Hz 


Out-of-Band Spurious (0 to 12 kHz in, @O dBm0) 
0 to 3400 Hz 
3400 to 4600 Hz 
4600 Hz to 12 kHz 
Idle Noise Selective 
@ 8 kHz with Vag = Tx! Measure at RxO, 30 Hz Bandwidth 


Group Delay Difference 
0 dBm0, TDC, RDC= 2.048 MHz 


500 to 600 Hz. — 80 ~ _ — a 
600 to 1000 Hz — 60 — — = — p#SeC 
1000 to 2600 Hz = 140 = = — ~ 
2600 to 2800 Hz _ 80 — _ — — 


Go to Return Crosstalk @0 dBm0 . . 
; Txl to TDD @ RxO — 65 — 65 dBm0O 
RDD to RxO @ TDD 


Absolute Group Delay @ 1.02 kHz 
TDC= RDC = 2.048 MHz 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp = (10-12 V) +5%, 0 to 70°C) 


PS Characterstio SS * Symbot | Min | Typ | Max | Unit | 
finputGurent——SSSCS~—~C~“C~C‘“‘s*~‘~*~StS TK TTF MCTNAOT | in | fe 0.07] 30 
AC inputimpedance (VKH) SSCS for MCT4OOI COVG | Zin | 100] 200 | — | Hoh | 
AC Input Impedance (1 kHz) ~Tx, + Tx to VAG 5.0 | — | Mo | 
Input Common Mode Voltage Range Vpp = 10.0 V — Tx, + Tx +15 | — |+8.0{ Vv | 
Output Voltage Range 
RL=20ktoVaG RxO, RxO | Vorto 
RL=600 toVaG Each | VAG 
RL=900 toVaG 
Output Current RxO, RxG You=Vpp 08 fs eal - 
VoL=0.8 +5.0 
Power Supply Rejection Ratio RxO toVAG 
Vpp = 12 V +0.05 V peak @ 1 kHz RxO to VAG 30 


Shared EvtemaiReference SSCS Vn | 
VretnputCurent —SCSCSCSCSCSCSCSCSSSSSSSSC‘“(R A | 
Vag Outputurent SSS Wns | 
ee eee oe ee 


MODE CONTROL LOGIC (Vsg =0 V, 0 to 70°C) 


Vis Voltage for TTL Mode 
Vis Voltage for CMOS Mode 


Mu/A Select Voltage 
Mu-Law Mode 


Sign Magnitude Mode 


A-Law Mode 


Reference Select Voltage 3.78 V Mode 


2.5 V Mode 


3.15 V Mode 


External Reference Mode 


Vref Mode Voltage 


Internal Reference Mode 


Analog Test Mode Selection Frequency, MS!= CCI | 
See Pin Description; Test Modes 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-143 


MC14400, MC14401, MC14402, MC14403, MC14405 


Input Rise Time 
Input Fall Time 


Clock Pulse Frequency (MSI =8 kHz) 


to Produce Internal Sequencing. 


Propagation Delay Time 


CMOS 
TTL 
CMOS 
ATt 
CMOS 


SWITCHING CHARACTERISTICS (Vop=(10 to 12 V), Ta=0 to 70°C, CL =50 pF CMOS of TTL Mode) 


This Pin Will Accept One of These 5 Discrete Clock Frequencies and Compensate 


TDE Rising Edge to TDC Falling Edge Setup Time : 
RCE Rising Edge to RDC Falling Edge Setup Time 
MSI Rising Edge to CCI Falling Edge Setup Time 


RDD Valid to RDC Falling Edge Setup Time | tsus | 60 | 40 | 
RDD Hold Time from RDC Falling Edge | th | 100 | 60 | 


*For the sign bit, tp3 is measured from TDE or TDC, Wihtchover is last. 


PIN DESCRIPTION 


DIGITAL 


VLS selects CMOS or TTL compatibility for all digital 1/Os. 
VLS=Vpp; all 1/0 is CMOS, (Vpp to Vss_ swing). 
VLS<Vpp—4 volts; all 1/0 is TTL with switchpoint 1.4 V 
above Vis. The pins controlled by Vs are inputs MSI, CCI, 
TDC, RDC, TDE, RCE, RDD, PDI and output TDD. In TTL 
applications Vis is Digital GND. 


MSI is a continuous 8 kHz (for sampling rate) signal which 
is used as a time base for internally selecting a prescale 
divider for CCI input. MSI should be tied to the frame sync or 
system sync signal, but has no relation to transmit or receive 
data timing, except as described under TDE. MSI! should be 
derived from the transmit timing in asynchronous applica- 
tions. In many applications MSI can be tied to TDE. (MSI is 
tied to TDE in MC14403/05.) 


CCI input is designed to accept five discrete clock frequen- 
cies. These are 128 kHz 40 to 60% duty cycle, 1.536 MHz, 
1.544 MHz, 2.048 MHz or 2.56 MHz. The frequency at this 
input is compared with MSI and prescale divided to produce 
the internal sequencing clock at 128 kHz (or 16 times the 
sampling rate). The four clocks in the MHz frequency range 
have only minimum pulse width duty cycle requirements. In 
the asynchronous applications, CCl should be derived from 
transmit timing. (CCI is tied to TDC in MC14400/01/03). 

TDC is the transmit data bit rate input. It can be any fre- 
quency from 64 kHz to 3.088 MHz, and is often tied in com- 
mon to CCl if the data rate is equal to one of the five discrete 
frequencies. This clock is the shift clock for the transmit shift 
register and leading edges produce successive data bits at 
TDD. In asynchronous applications, TDE should be derived 
from this clock. (TDC and RDC are tied together in MC14405 
and are called DC.) 

TDE serves two functions for the transmit data timing. It 


establishes the transmit sync in conjunction with MSI. If the 
leading edges of TDE occur at 8 kHz and both MSI and TDE 


TDE to TDD Low Impedance 
TDE to TDD Low Impedance 
TDE to TDD High Impedance 
TDE to TDD High Impedance 


TDC* to TDD 
TDC* to TDD 


are derived from TDC, then the MSI relationship is trans- 
parent and TDE is simply transmit sync. The leading edge of 
TDE produces the sign bit at TDD during the current TDC 
period. The TDC shifts out the remaining bits at the TDC 
rate. The TDD pin is active as long as TDE is high. If there is 
more than one TDE leading edge per frame, then the first 
TDE after MSI is the Tx sync. Thus, TDE may be taken low 
to three state TDD after the first leading edge. The additional 
TDE high periods before the next MS! merely un-three-states 
TDD. This can be used for bit interleaved systems. In asyn- 
chronous applications, TDE is derived from TDC. 

TDD is the digital data output. It operates in sync with - 
TDC and TDE. It is a three-state output. TDC, TDE, and 
TDD independently control transmit data timing. The data 
format (Mu-Law, A-Law or sign magnitude) is controlled by 
Mu/A. This output may be made high-speed CMOS com- 
patible using a pullup resistor. 

RDC is the receive data clock and works in conjunction 
with RCE and RDD to produce all receive data timing. These 
three signals must be synchronous, but can be asyn- 
chronous with all other digital pins. RDC provides the receive 
register clock. The RDC clock may be any frequency from 64 
kHz to 3.088 MHz. 

RCE — The rising edge of RCE should identify the sign bit 
of a receive word on RDD. The next falling edge of RDC, 
after a rising RCE, loads the first bit of the PCM word into 
the receive register. The next seven falling edges enter the 
remainder of the PCM word. On the ninth rising edge, the 
receive word is transferred to the receive buffer register and 
the A/D sequence is interrupted to commence the decode 
process. In the asynchronous mode and with an 8 kHz 
transmit sample rate, the receive sample rate should be 
between 7.5 and 8.5 kHz. Two receive words may be decod- 
ed each transmit frame to allow on chip conferencing. 

RDD is the digital data input. It operates synchronously 


with RDC and RCE. The data format is determined by the 
Mu/A pin. 
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Sign/ 
Magnitude 


+ full scale 1010 1010 
+ zero 1101 0101 
— zero 0101 0101 
— full scale 0010 1010 
Sign 
Bit Chord Select Step Select 


Note: Starting from sign magnitude, to change format: 

To Mu-Law — 
MSB is unchanged (sign) 
invert remaining seven bits 
if code is 0000 0000, change to 0000 0010 (for zero code 

suppression) 

To A-Law — 
MSB is unchanged (sign) 
invert odd numbered bits 
ignore zero code suppression 


Mu/A Select — This pin selects the companding law and 
the data format at TDD and RDD. 

Mu/A=Vpp; Mu255 Companding D3 Data Format with 
Zero Code Supress 

Mu/A=Vac; Mu255 Companding with Sign Magnitude 
Data Format 

Mu/A=Vss; A-law Companding with CCITT Data For- 
mat Bit Inversions 

PDI — The power down input disables the bias circuitry 
and gates off all clock inputs. This puts the Txl, RxO, RxO, 
and TDp outputs into a high impedance state. The power 
dissipation is reduced to 0.1 mW when PDI=V{s or Vss. 
The circuit operates normally with PDI= Vpp or with a logic 
high as defined by connection at Vis. Tpp will not come 
out of high impedance for two MSI cycles after PD! goes 
high. 

DC — In the MC14405, TDC and RDC are internally con- 
nected to this pin. 


ANALOG 


VAG Analog Ground 

Each version of the PCM mono-circuit produces its own 
analog ground internally. The DC voltage is approximately 
(Vpp-Vss)/2. All analog functions within the device use 
this as a reference point for signal processing. In symetric 
dual supply systems (+5, +6, etc.), VAG may externally be 
tied to the system analog ground supply. The VAG output 
will sink more than 8 mA of current, but can source only 200 
pA. When RxO or RxO are output drives for 600 or 900 loads 
tied to VAG, a pullup resistor to Vpp will be required to 
boost the source current capability if VAG is not tied to the 
supply ground. 


Vref Positive Voltage Reference Input (MC14402 Only) 

The Vref pin provides for the supply of an external voltage 
reference or for the selection of an internal reference within 
the PCM mono-circuit. If Vref is tied to Vss, the internal 
reference is selected. If Vref > VAG, then the external mode 


MC14400, MC14401, MC14402, MC14403, MC 14405 


is selected. In each case, the overload or full scale gains of 
the codec are selected by the reference select pin (RSI). 
Both the internal and external references are inverted within 
the PCM mono-circuit for negative input voltage such that 
only one reference is required. 

External Mode — In the external reference mode (Vref > 
VAG), a 2.5 volt reference like the MC1403 is connected 
from Vref to VAG. A single external reference may be shared 
by tying together a number of Vrefs and VAGs from different 
PCM mono-circuits. In special applications, the reference 
voltage may be between 2 and 4 volts. However, the gain 
selection logic associated with RS| must be considered to ar- 
rive at the desired PCM mono-circuit gain. 

Internal Mode — In the internal reference mode 
(Vref=Vss), an internal reference supplies the reference 
voltage for the PCM mono-circuit. 


RSI Reference Select Input (MC14401/02 Only) 

The RSI input allows the selection of three different 
overload or full scale voltages independent of the internal or 
external reference mode. The selection of maximum signed 
level is made by connecting RSI to Vpp, VAG or Vss. The 
various modes of operation are summarized in the table 
below. The internal reference is designed to give internal 
gains equal to those obtained with an external 2.5 volt 
reference. 


RxO and RxO Receive Analog Outputs 

These two complimentary outputs are generated from the 
output of the receive filter. They are equal in magnitude and 
out of phase. The maximum signal output of each is equal to" 
the maximum peak-to-peak signal described with the 
reference. If a 2.5 V reference is used with RSI tied to VAG 
and a +3 dBm sine wave is decoded, the RxO output will 
be a5 V peak-to-peak signal. RxO will also have a signal out- 
put of 5 V peak-to-peak. External loads may be connected 
from RxO to RxO for a 6 dB push-pull signal gain or from 
either RxO or RxO to VAG. With RSI tied to Vss, each out- 
put will drive 600 2 to +9 dBm. With RSI tied to VDp, each 
output will drive 900 2 to +9 dBm. 


ADDITIONAL PIN DESCRIPTIONS 
RxG Receive Output Gain Adjust (MC14402 Only) 


If RxG is left open, then the output signal at RxO will be in- 
verted and output at RxO. Thus the push-pull gain to a load 
from RxO to RxO is two times the output level at RxO. If 
external resistors are applied from RxO to RxG (RI) and from 
RxG to RxO (RG), the gain of RxO can be set differently from 
—1. These resistors should be in the range of 10 kQ. The 
RxO output level is unchanged by the resistors and the RxO 
gain is equal to minus RG/RI(VRxO). The purpose of RxG is 
to allow external receive gain adjustment. The circuit for RxG 
and RxO is shown in the block diagram. 


+ Tx Positive Tx Amplifier Input (MC14402/03/05 Only) 
— Tx Negative Tx Amplifier Input (MC14401/02/03/05 Only) 


The Tx! pin is the input to the transmit bandpass filter. If 
+ Tx or — Tx are available, then there is an internal amplifier 
preceding the filter whose pins are + Tx, —Tx and Txl. 
These pins allow access to the amplifier terminals to tailor 
the input gain with external resistors. The resistors should be 
in the range of 10k. If + Tx is not available, it is internally tied 
to VAG. If — Tx and + Tx are not available, the Txl is a unity 
gain high impedance input. 
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Tx! Analog Input 

Tx! is the input to the transmit filter. It is also the output of 
the transmit gain amplifiers of the MC14401/02/03/05. The 
input impedance is greater than 100 k to VaqG in the 
MC14400. The Tx! input has an internal gain of 1.0, such that 
a +3 dBm signal at Tx! corresponds to the peak-to-peak 
swing of RxO described above. For +2.5 V_ shared 
references and RSI=VAG, the +3 dBm0 input should be 
5.0 volt peak-to-peak. 


Power Supplies 3 
Vppb — Most Positive Supply. Vpp is typically 10 to 12 


For single-supply systems, these are the only power pins. 
VLS will be tied to Vss or Vpp and VAG is an output. In 
dual-supply systems, VLS may be digital ground and VAG 
may be analog ground. Oo 


Testing Considerations (MC14400/01/02 Only) 

An analog test mode is activated by connecting MSI and 
CCI to 128 kHz. In this mode, the input of the codec (the out- 
put of the Tx filter) is available on the PDI pin. This input is a 
DC auto zeroed access to the A/D side of the codec. If 
monitored with a high-impedance buffer, the output of the 
Tx low-pass filter can also be measured at the PDI pin. This 
test mode allows independent evaluation of the transmit 


ae Mase Neastiersiion . This is th ; low-pass filter and A/D side of the codec. The receive chan- 
SO.) ieee eae tve PUDRIY. iS oie: Mes Enegalve nel of the mono-circuit is tested with the codec and filter 
supply pin. together. 
TEST CIRCUIT 
5V 
VaclL_. ae 
se 
Ode Rx <_] "y 
r 
HP3779 5 k <_] Enable 
OdBr ty [7 <_ J Clock 
681 
* To Define RDD 
= When TDD is high Z 
0.1 pF 


aod 


OPTIONS AVAILABLE BY PIN SELECTION 


RSI* Vref* . 
Pin Level Pin Level 


VSs 
VAG+ VEXT 
Vss 
VAG + VEXT 
Vss 
VAG. + VEXT 


Vss 


“On MC14400/03/05, RS! and Vref tied internally to Vss. 
On MC14401, Vref tied internally to Vss. 


Peak-to-Peak Overload Voltage (Tx!, RxO) 


7.56 Vpp 
(3.02 x VexT) Vpp 
o VPP 


(2 x VeEXT) VPP 
6.3 Vpp 
(2.52 x VEXT) Vpp 


SUMMARY OF OPERATION CONDITIONS USER PROGRAMMED 
THROUGH PINS Vpp, Vac, AND Vss 


Vss 


A-Law Companding Curve and 
CCITT Digital Format 


Mu-Law Companding Curve and D3/D4 378 . 

Digital Formats with Zero Code Suppress : 

Mu-Law Companding Curve and Sign 2.50 TTL Levels 
Magnitude Data Format VaG Up 


RSi 
Peak Overload 
Voltage 


CMOS 
Logic Levels 


TTL Levels 
Vss Up 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-146 


Lyl-~ 


ViVd S0IASC SNOLLVOINNWNOOATSL VIOYOLOW 


TOE 


TDC 


TDD 


TRANSMIT TIMING DIAGRAM 


320 ns min 
tsut 


tsu2 100 ns min 


tpy 


High Impedance Sign Bit (BO) 


* Data output during this period will vary depending on TDC rate and TDE timing. 


RECEIVE TIMING DIAGRAM 


RCE 

100 ns min tsu3 tsyu4 
RDC 
RDD Don’t Care 


CCI/MSI TIMING DIAGRAM 


CCl 


100 ns min 


100 ns min 


tsu6 tsu7 


MS! 


320 ns min 


PCIM Data 


100 ns min 


High Impedance 


GOPPLIIN ‘EOPYLIIN “ZOVELOW “LOPELOW ‘OOPEYLOIW 
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THE BASIC VOICE CHANNEL USING THE MC14400 PCM CODEC/FILTER MONO-CIRCUIT 


+5V 


Tip 


. TTL Levels 


Digital In 
Receive Sync 
Receive Clock 
Transmit Clock 
Digital Output 


Transmit Sync 


Digital Gnd 
Power Down 
oat 5 V ; 
MC14401 PCM MONO-CIRCUIT WITH MC14417 TSAC 
1 kQ 
VAG. 
+12V 
VRX Rx Data 
Zout = 600 2 Tx Data 
Data Clock 
Tx Syne 
VTX eae . 
Zin = 600 2 ae ae 
Power Down 
(TTL Levels) 
+5V 
Hard-Wired 
Time Slot 
Digital GND 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA. 


2-148 


6v1-2 


VIVd SDIASC SNOLLVOINNWWOOSTAL VIOHOLOW 


MDA 220 
!O 

Tip | 

aay boss eae 


Ring 


A COMPLETE SINGLE PARTY CHANNEL UNIT USING 
MC3419 SLIC, MC14403 PCM MONO-CIRCUIT, MC14418 TSAC 


— 


Hard- 
Wired 
Address 


(2) 
SBEBBBELR 


VDD 
Qo 


TxE 


Gnd 


Rx Data 


Tx Data 


Data Clock 
Tx Sync 


Hook Status 


VCC 


Bank Status 
Bank Select 
Address 
Data 

Clock 


-12V 
—-48V 
Ring Bus 
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HYBRID INTERFACES TO MC14401 PCM CODEC FILTER MONO-CIRCUIT 


MC14401 


RalRb= Ro 
Rp<10 ko 


“T’ Padded Transformer Hybrid Using MC 14401 
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HYBRID INTERFACES TO THE MC14402 PCM CODEC/FILTER MONO-CIRCUIT 


Ro 


Balance by R5 and R6 to equate the Txl gains through the inverting Tx Gain=R1/R2 


and non-inverting input signal paths, respectively, is given by: Rx Gain= 1+ R3/R4 
R5, R6=10 k 
Adjust Rx Gain with R3 
R1 ( Re) R1 R6 R3 R5 Adjust Tx Gain with R1 
DxRo XA =(+f3) R5+ R6 ae R5+ R6 


Universal Transformer Hybrid Using MC 14402 


Single-Ended Hybrid Using MC14402 
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VIVG ADIAAG SNOLLVOINNNWOOATAL VIOHOLOWN 


Data Clock 


Tx Sync 


Rx Sync 


Tx Data 


Rx Data 


Rx Tone 


Hook 


Status Mux 


Bank Status 


Bank Select 


Address 


Data 


Clik 


128 CHANNEL GROUP COMMON CONTROL 
IN A TYPICAL SWITCHING SYSTEM 


Common 
Control 
Logic 


Optional 
Concentration 


(MSI LS 
and CMOS) 


Rx Data 


Hook Status 
Demux 


Line Circuit Backptane 


Line Trunk Frame Inter Group Bus 


Local Call 
Processing 
Memory 
(ROM, RAM, 

EPROM) 


8 Bit Micro Bus 


Channel 
Group Call 
Processor 
(Microp) 


- Vgs=0V 


VEE= —48 | 
Ringing Bus 


NOTE: See single party line drawing for line card details. 


Master 


Data Clock 


Master 
Frame Sync 


Tx Data 
Highway 


Rx Data 
Highway 


Intergroup 
Data Bus 
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MC14408 


MC14409 


BINARY TO PHONE PULSE CONVERTER SUBSYSTEM 


The MC 14408 and the MC 14409 are devices designed to convert 
a four bit binary input code to a number of serial output pulses 
corresponding to the value of the input code. 

The devices can be used in telephone pulse dialing applications 
when combined with their companion device, the MC14419 
(2-of-8 keypad-to-binary code converter). The devices have been 
partitioned to allow convenient addition of RAM memory and 
controls for repertoire dialing applications. 

The MC14408 and MC14409 perform identical functions with 
the exception of the signal output at the DRO (Dial Rotating 
Output). In the MC14408, DRO remains high during continuous 
outpulsing of all digits and in the MC14409 DRO is low between 
each digit pulse burst. 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


BINARY TO PHONE PULSE 
CONVERTER SUBSYSTEM 


On-Chip Oscillator 

Diode Protection on All Inputs 

Dialing of Numbers Up to 16 Digits Long 

Memory Storage (FIFO) and Re-Dialing (single pin) of Las 

Telephone Number . | 

@ Hold Interrupt Control for Additional Interdigit Dela’ 
a Wait for Intermediate Dial Tones) 

@ Selectable Dialing Rate (10 pps or 20 pps) 

@ Selectable Interdigit Time (300 or 800: 
150 or 400 ms @ 20 pps) 

@ Selectable Make-Break Ratio 

@ Buffered Outputs Compatible 
Interface, One Low-power Schott ky TTL Load or Two Low- 
power TTL Loads Over the Rated Temperature Range. 

@ Low Power Dissipation — Ipp (operating with oscillator) 
= 470 vA typ @ Vpp = 5.0 Vdc, fose = 16 kHz, 

Cy = 50 pF 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
: ASE 620 CASE 648 


PIN ASSIGNMENT 


BLOCK DIAGRAM 


Strobe a ST Cik 


11° Outpulsing 


12 Dia! Rotating | 
Output 
This device contains circuitry to protect 
the inputs against damage due to high static 
voltages or electric fields; however, it is 
advised that normal precautions be taken 
to avoid application of any voltage higher 
than maximum rated voltages to this high 
impedance circuit. For proper operation it 


Hold 9 
Vop = Pin 16 


Vss = Pin8 


is recommended that Vin and Voyt be 
constrained to the range Vssg < (Vjn or 
Vout) < Vop- 
Unused inputs must always be tied to an 
appropriate logic voitage level (e.g., either 
Vss or Vpp). 


Call Request 13 


Control Inputs Re-Dial 10 
Interdigit Time 14 
Make-Break Ratio 15 
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MAXIMUM RATINGS (Voltages referenced to Vgg, Pin 8.) 


DC Supply Voltage 


Input Voltage, All Inputs 


DC Current Drain per Pin 


Operating Temperature Range e -40 to +85 


Storage Temperature Range 


Output Voltage 
“1 Level 
Noise Immunity 


(4V out < 0.5 Vdc) 
(AVout < 9.5 Vde) 
Output Drive Current 
(VoH = 2.5 Vde) Source 
(VOH = 4.6 Vdc) 
(VoL = 0.4 Vde) = Sink 
Input Current 
linput Capacitance 
(Vin = 0) = 
Operating Supply Current . 200 
fol = 16 kHz (operating 470 550 
with 1000 
Osc) — 


FIGURE 1 FIGURE 2 


TIMING DIAGRAM — DATA AND STROBE INPUTS TIMING DIAGRAM — CALL REQUEST 
Vpp Vpb 
Vop 
a (Power) 
D1,D2,D3, 
or D4 Vss <r Ves 
tsu(ps) «>>|» th 2 tpc 
_ : Vpp — —— = Vp 


‘CRO 


ST 


. Vss 
|e — ae twH | 


If power is turned off after each call, CRQ must stay high after 
power is applied (for a duration of tpc) to ensure no spurious 
outpulsing. For this use the redial function is invalid. 
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SWITCHING CHARACTERISTICS (Cc, =50 pF, Ta = 25°C) 


Output Rise Time** 

tTLH = (3.0 ns/pF) CL + 30 ns 
Output Fall Time** 

tTHL = (1.5 ns/pF) CL + 25 ns 


Percent Break to Make Ratio 
(MBR = 0) 
(MBR = 1) 
Outpulsing Rate (fop. = *f,)/1.6) 
fo] = 16 kHz 
foy = 32 kHz 
Interdigit Time 
tip = (5 x IDT + 3)/fop. 
IDT =0 
fopL = 10 pps 
fopL = 20 pps 
IOT =1 
fopt = 10 pps 
fopL = 20 pps 
Strobe to Output Time 
Initial Outpulsing Stream 
IiDT =O 
fopL = 10 pps 
foPL = 20 pps 
IiDT =1 
fopL = 10 pps 
fopL = 20 pps 
Continued Outpulsing Stream 
IDT =Oor 1 
fopL = 10 pps 
fopL = 20 pps 
Hold to Outpulse Time 
IDT =Oor1 
fopL = 10 pps 
fopL = 20 pps 
Dial Rotating Overlap Time . 
fopL = 10 pps 
fopL = 20 pps 


‘Data to Strobe Setup Time (f,j = 16 kHz) 


Re-dial Pulse Width (fgy = 16 kHz) 


*foy in kHz 
**The formula given is for the typical characteristics only. 
*** Minimum clock pulse width = 1.0 ys. 
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FIGURE 3 
PHONE DIALER SYSTEM TIMING DIAGRAM | 


CRO . | tes oe 4 tss 
1st (3)* 2nd (2) 3rd (5) 


* |. * 
mame weap eae ape ee ap = a= em @@ ew au 


YFOPL a L-tone 


tip 


ame %MB = 100 
CRO . -.B+M 


4th (1) 


‘eee es cc as ese a ns er ae aes 


5th (6) 6th (1) 
ST 2 Ge 02D TEGEETEEe 
HOL 
at ; 
DRO 
OPL ane 


L- tsoc 


Notes: 

(*) 1st, 2nd, 3rd, etc., denotes Strobe pulse sequence — j.e., which digit 
in the phone number is being dialed. The number in parentheses de- 
notes the numerical value of the digit being dialed. The examples 
define the various voltage — level and timing requirements, not a 
complete phone number. 

(**)For the MC14408 the DRO signal will remain high provided digits 
remain in the memory, or a digit for continuing outpulsing is strobed 
in before the anticipated falling edge of the most significant digit in 
the memory. (i.e, [200% MB] ms after the most significant out- 
pulsing edge). The time from Strobe to DRO can be 0 to 100 ms. 

(***)For the HOL signal to hold a next digit (e.g. the 4th, etc.,) the HOL 
falling edge must not appear after [t;p-%MB + 100] ms the last 
outpulsing edge of the previous digit. 
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FIGURE 4 
COMPONENT SELECTION FOR OSCILLATOR/CLOCK FREQUENCY 


7.118 ; 
ied Ae where f,; in kHz, L in mH, 


To Pin 1 To Pin 2 C=C1= C2 in pF 


‘ %fgy = -0.5 [%C + %L] +3.0 where %f,1, %C, %L are 
the frequency capacitor, and 
inductor tolerances in per- 

a he a Cl cent. The +3.0% accounts 


for supply voltage and am- 
bient temperature variations. 


OUTPULSING RATE 
= %C ‘fopL = foy/1.6 
+5.0 =16 kHz +8.0 =10 pps — 
+5.0 32 kHz +8.0 20 pps 


EXAMPLE 


FIGURE 5 
TRUTH TABLE 


INPUTS OUTPUTS 


i oROT 
0 Steady Sate) 


Number of puises (ir) of nth 1 During outpulsing : 
digit = binary combination of (s) Otherwise 
D4, 03, D2, 01. * : 


0 After conclusion of digit 
digit being outpulsed. being outpulsed 


300 ms Interdigit time 
800 ms interdigit time 
61% (~1.6:1) Make-Break Ratio 
67% (=2:1) Make-Break Ratio 


fo) = 16 kHz 


X = Don’t Care 


* With the exception of 
0000 which will give 10 pulses. 
t Refer to timing diagram Figure 3. 


FIGURE6 FIGURE 7 


MEMORY CLEAR REDIAL SEQUENCE 
‘VoD VDD 
RED RED 
—_ Vss — ‘VSS 
tes 
CRO CRQ 
ST ST 
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OSCILLATOR (Osc, Pin 1) 

This pin is an input to the internal oscillator and feed- 
back connection for the L-C 7-network. An external clock 
signal, if desired can be applied to Osc. 


CLOCK (Clik, Pin 2) 


This pin is an output from the internal oscillator and 
feedback connection for the L-C 7-network and provides 
the system clock for the MC14419 bounce eliminator 
circuitry. 


STROBE INPUT (ST, Pin 3) 

This Strobe input, when high (ST = Vpp), signifies 
that the data at the D1, D2, D3, and D4 inputs is valid, 
and enters the 4-bit number into the internal FIFO 
(First-In, First-Out) memory for subsequent outpulsing. 
The first strobe pulse after a call is requested (CRQ 
= low) clears the memory of any previous number and 
enters the first digit of the new number. Successive 
strobe pulses will store up to a maximum of 16 digits in 
the internal FIFO memory, which ignores all digits 
entered in excess of that amount until a new call is 
requested. 


DATA INPUTS (D4, D3, D2, D1; Pins 4, 5, 6, 7) 

These pins are the Data inputs to the internal memory. 
A binary coded digit number entered will result in an 
equivalent number of pulses at the OPL (outpulsing) 


output, except for the code 0000, which will outpulse © 


10 pulses. 


NEGATIVE POWER SUPPLY (Vss, Pin 8) 


This pin is the negative power supply connection. 
Normally this pin is system ground. 


HOLD (HOL,Pin9) | 

When taken low (HOL = Vss), the Hold input disables 
the outpulsing at the completion of the digit being out- 
pulsed. When taken high, outpulsing rest:mes. This feature 
can be used in. multi-dial-tone phone systems to provide 
longer interdigit pauses when necessary. 


DEVICE OPERATION 


RE-DIAL (RED, Pin 10) 

The Re-Dial input, when taken low (RED=Vss) auto- 
matically outpulses the digits entered into memory after the 
last time a call was requested. (See Redial Sequence 
Diagram Figure 6.) 


OUTPULSING (OPL, Pin 11) 

The Outpulsing output sends out bursts of pulses 
equivalent to the digits of the telephone number stored in 
the memory. The duty cycle and interdigit time of the 
digit pulse bursts are controlled, respectively by the MBR 
(Pin 15) and IDT (Pin 14). 


DIAL ROTATING OUTPUT (DRO, Pin 12) 


The. Dial Rotating (also known as ‘Off Normal’) 
Output provides a signal which indicates that digit pulse 
bursts are being sent. In the MC14409, DRO goes high 
(Vpp) at the beginning of the first digit pulse burst and 
goes low (Vss) between succeeding consecutive digit 
pulse bursts. In the MC14408, however, DRO goes high at 
the beginning of the first digit pulse burst and remains 
high until the last digit pulse burst of the telephone 


“number has been sent (see Timing Diagram, Figure 3). 


CALL REQUEST (CRO, Pin 13) 

The Call Request input when taken low (CRO=Vss) 
resets internal counters and prepares the internal logic to 
either accept new digit inputs to be dialed, or to re-dial (see 
RED, Pin 10) the digits stored in the memory. The Relation- 
ship Between Memory Clear and Redial is shown in Figure 7. 


INTERDIGIT TIME (IDT, Pin 14) 

The Interdigit Timing input determines the length of 
time between consecutive digit pulse bursts. See the 
Interdigit Time (tip). in the switching characteristics for 
the length of time. 


MAKE-BREAK RATIO (MBR, Pin 15) 

The Make-to-Break Ratio input controls the duty cycle 
of the digit pulse bursts at the OPL output. For MBR 
= Vpp, duty cycle = 67% low, 33% high; and for MBR 
= Vss, duty cycle = 61% low, 39% high. 


POSITIVE POWER SUPPLY (Vpp, Pin 16) 
This pin is the package positive power supply pin. 
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FIGURE 8 —~ KEYPAD TO PULSE DIALER FLOW DIAGRAM 


Pick-up Head-set 


Dial-tone heard 


Error. 
Data entry error 
recognized by 
person dialing. 


2-of-8 Keypad-to-Binary Encoder 


Row 
Inputs 


Column 
inputs 


Vpop= Pin 16 
Vss = Pin8 | 


Keyboard buttons pressed * 
(previous number cleared). 
Dial tone stops with 1st digit, 
but receiver connects to line 
after each digit sent. t 


Re-dial button pressed * 
(previous number held). 
Dial tone stops with 1st digit, 
but receiver connects to iine 
after each digit sent. t 


Error. 
Too many digits put 
in (>16). Ignores 
excess, 


Call made with success 
or busy signal. 
Hang-up Head-set 


Error. 
No number 
in memory. 


*A number can be interrupted between | 
digits by use of the Hold Input. 


twith the MC14408 the line connects after 
total outpulsing has stopped. 


FIGURE 9 — PHONE DIALER SYSTEM 


MC 14419 MC 14408, MC 14409 


Binary-to-Phone Pulse Converter 


L=* 


Vss 
011 Gutpulsing 


Dial Rotating 


e 
owes Output* * 


Heid 9 

Call Request 13 
Re-Dial 10 

Interdigit Time 14 
Make-Break Ratio 15 


Vop = Pin 16 


MC14408/409 Vss = Pin8 


Control Inputs 


**Between each digit 
pulsetrain, MC 14408 
DRO stays high, 
MC14409 DRO goes low. 


*For Component Value Selection See Figure 4. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-159. 


MC14408, MC14409 


Receiver 


| Hookswitch 
L1 (d) al 
To | WS) . 


Phone! | 


FIGURE 10 — STANDARD K-500: TELEPHONE 


Dial Rotated 
. (Off Normal) 


° 


Lines | ee i 
wy _ | 
L2 - == K 
| ae SS 
R inger | A 
() Encapsulated 


ae ee, —_ K-500 Circuitry _| 


To 
Phone 
Lines 


Encapsulated 
__K-00 Circuitry _| 


Re-dial 
(SPDT Momentary) 
o- Vss 
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TECHNICAL DATA 


2-OF-8 TONE ENCODER 
CMOS LSI 


The MC14410 2-of-8 tone encoder is constructed with comple- (LOW-POWER COMPLEMENTARY MOS) 
mentary MOS enhancement mode devices. It is designed to accept 
digital inputs in a 2-of-8 code format and to digitally synthesize the 
high and low band sine waves specified by telephone tone dialing 2-OF-8 TONE ENCODER 
systems. The inputs are normaliy originated from a 4 x 4 matrix 
keypad, which generates 4 row and 4 column input signals in a 
2-of-8 code format (1 row and 1 column are simultaneously connected 
to Vss). The master clocking for the MC14410 is achieved from a 
crystal controlled oscillator which is included on the chip. Interna! 
clocks, which operate the logic, are enabled only by one or more 
row and column signals being activated simultaneously. The two 
sine wave outputs have NPN bipolar structures on the same substrate 
which allows for low output impedance and large source currents. 
Applications of this device include telephone tone dialing, radio and 
mobile telephones, process control, point-of-sale terminals, and 


d PPP : : L SUFFIX P SUFFIX 
credit card verification terminals. CERAMIC PACKAGE PLASTIC PACKAGE 


® Diode Protection on All Inputs CASE 620 CASE Se 
@ Noise Immunity = 45% of Vpp Typical 

@ Supply Voltage Range = 4.4 Vdc to 6.0 Vdc 
e 


On-Chip Oscillator (Crystal or External Clock Source may be 
applied to Pin 10) 


PIN ASSIGNMENT 


On-Chip Pull-Up Resistors on Row and Column Inputs 


Designed with Multiple Key Lockout (Eliminates Need for Me- 
chanical Lockout in Keypad) 


Two Sine Wave Generators On-Chip 
Frequency Accuracy +0.2% 

Low Harmonic Distortion 

Single Tone Capability 

Fast Oscillator Turn-On and Turn-Off Times 


99 Oscout 


BLOCK DIAGRAM 


Sine Wave 
Row +N Generator 


tnputs Control 
This device contains circuitry to protect © 
Counter the inputs against damage due to high 
20 static voltages or electric fields; however, 
it is advised that normal precautions be 
taken to avoid application of any voltage 
higher than maximum rated voltages to 


Oscout Key Disable 7) 
- this high-impedance circuit. A destruc- 
Decoder . . . 
Counter tive high-current mode may occur if Vin 


and Vout are not constrained to the range 

Sciacan hg Vss (Vin OF Vout) * Vop: 7 , 
Inputs Conarel Sine Wave 15 High Due to the sourcing capability of this 
Generator Band Out circuit, damage can occur to the device if 

Vpp is applied, and the outputs are shorted 

to Vss and are at a peak sinewave voltage. 


Oscillator 
Oscillator and 
Connections Multiple PointA 
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MAXIMUM RATINGS (Voltages referenced to Vgg, Pin 8.) 


[Rating «dS mbt [Vote [Unit 
DC Supply Voitage , | Vp | ~0.5 to +6.0 


VDD 
Input Voltage, All Inputs 
Operating Temperature Range -40 to +85 %¢ 
Storage Temperature Range -65 to +150 


ELECTRICAL CHARACTERISTICS 


| Vpp 
_ Characteristic Sy mbol Vdc 


| Supply Voltage | | 


Output Voltage “0’’ Level 
Pins 7 and 9 


-4 


o 
[-) 


; N 
i me ~ 
on 


. ““1"" Level 
‘Input Voltage 

(Vo = 4.5 or 0.5 Vdc) “0” Level 
(Vo = 0.5 or 4.5 Vdc) “1” Level 


Output Drive Current 
(VoH = 2.5 Vde) Source 
Pin7 

Pin 9 

(VoL = 0.4 Vde) Sink 
Pin 7 

Pin 9 


Input Pull-Up Resistor Source Current 


fie 30, | 
(Vin = 0 Vde) Pins 3-6, 11-14 


0.48 0.2 
1.3 0.55 
1.7 : 
1.45 og 
Vipp 
4.4 400 600 500 600 700 
6.0 800 1000 900 1000 1100 
V Hpp ’ mVpp 
44 600 900 700 850 1000 800 1100 
6.0 1000 1400 1100 1350 1500 1200 1600 


Input Capacitance Cin 
(Vin = 0 Vde) 


Quiescent Current 


Total Supply Current 
(Dynamic plus Quiescent) 
(Rp = 15 kQ, f = 1 MHz) 
Low Band Output 
Voltage Swing Pin 2 Only 
(Ry = 100 k) 
High Band Output 


Voltage Swing Pin 15 Only 
(Ri = 100 k) 


Low Band—High Band AV 2.5 
Low Band—High Band Pin 2,15 Zo QQ 
Low Band—High Band Pin 2,15)VaH-Vj4H| 4.4 -30 
2nd thru 14th Harmonics to 
= acl a E-* a aal  l  ih iak Sak 
Turn-on Time ton 5.0 
Loner woxnowon EET EP EP 
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TABLE 1 — FUNCTIONAL TRUTH TABLE TABLE 2 — OUTPUT FREQUENCY TABLE 


Low Band Activated (low) 

| None | ts dc tevel | de tevel_ 
ia ae a 

[Two or more | one | aetever | tus 
[one | Twoormore |__| de level 


Frequency Generated ** 
f, (Hz) 


697 
770 
852 


Two or more Two or more 


*See Table 2 
**X = Don’t care 


ees 
ne 


**All frequencies are accurate to +0.2% (crystal tolerance 
not included). 


FIGURE 1 — TYPICAL SINE WAVE OUTPUT FIGURE 2 — TYPICAL FREQUENCY SPECTRUM 
(Pins 2 or 15, No External Filtering) (Pins 2 or 15, No External Filtering) 


~20] 


Amplitude 
Gain (-dB) 
b 
fo) 


-80! 


Time F undamental Frequency 


FIGURE 3 — TYPICAL CRYSTAL CIRCUIT 


Re = 15 M2 + 10% 

CRYSTAL SPECIFICATION Column In 

Crystal Mode Paraliel 

Frequency 1 MHz + 0.1% 

Rs 54022 typ High Band 
Co 7.0 pF typ MC14410 


Temperature Range -40°C to +85°C Low Band 


Test Level 1 mw 
Test Set TS—336/TSM or Equivalent 


*Recommended Crystals: CTS KNIGHT 
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FIGURE 4 — TYPICAL TELEPHONE INTERFACE APPLICATION 


Column 


Rectifier Assembly 
Telephone MDA920-4 
Terminals (optional) 


con" 


4th Column | 
Optional 


MC 14410 


; Yel 
High Band Y= 


Transmitter Telephone 
Line 
Connections 


Receiver — 


F . | Common | 
Interface | Switches | 
Note: Application using standard telephone keypad. . Circuitry | on Keypad | 


FIGURE 5 — LOW LEVEL OUTPUT . FIGURE 6— BATTERY POWERED OPERATION 
TONE GENERATOR APPLICATION (Driving Audio Speaker) 


Oscout 


Vopro 


Low Band Low Band 


MC 14410 MC 14410 
High Band level input 


(-40 dB Attenuation) 


Speaker or 
Acoustical |. 
Coupler 


, To Common 
Note: Application using Chomerics Keypads #ER21623 (4 rows x 3 columns) Note: Application using Chomerics Keypads #ER21623 (4 rows x 3 columns) of Keyboard 
# ER21611 (4 rows x 4 columns) #ER21611 (4 rows x 4 columns) 
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TECHNICAL DATA 
MC14411 


BIT RATE GENERATOR CMOS LSI 


The MC14411 bit rate generator is constructed with complementary (LOW-POWER COMPLEMENTARY MOS) 
MOS enhancement mode devices. It utilizes a frequency divider net- 
work to provide a wide range of output frequencies. BIT RATE GENERATOR 

A crystal controlled oscillator is the clock source for the network. A 
two-bit address is provided to select one of four multiple output clock 


rates. 

Applications include a selectable frequency source for equipment in L SUFFIX 
the data communications market, such as teleprinters, printers, CRT CERAMIC PACKAGE 
terminals, and microprocessor systems. CASE 623 


@ Single 5.0 Vdc (+5%) Power Supply 


CASE 709 


Diode Protection on All Inputs 
External Clock May be Applied to Pin 21 
Internal Pullup Resistor on Reset Input 


@ Internal Oscillator Crystal Controlled for Stability (1.8432 MHz) 

@ Sixteen Different Output Clock Rates 

@ 50% Output Duty Cycle 

@ Programmable Time Bases for One of Four Multiple Output Rates 

@ Buffered Outputs Compatible with Low Power TTL P SUFFIX 2 
@ Noise Immunity =45% of Vpp Typical PLASTIC PACKAGE | 
e 

@ 

e 


PIN ASSIGNMENT 


MAXIMUM RATINGS (Voltages referenced to Vss, Pin 12.) 


Vpp + 0.5 to 


Vss-0.5 
DC Current Drain per Pin a a a 
Operating Temperature Range - 


Storage Temperature Range —-65 to +150 


Reset [10 


Not Used {111 
BLOCK DIAGRAM 


Vpop=Pin 24 
Vss=Pin 12 


x1 Dividers | This device contains circuitry to protect the 


inputs against damage due to high static 


rystalin, 210 ic fi tj 
Crystalin 2 voltages or electric fields; however, it is ad- 


Rate 


xe 
r 28 

piety | Divider X16) Select O06 F10 vised that normal precautions be taken to 
*Crystaloyt 200 58 FTI avoid application of any voltage higher than 
maximum rated voltages to this high im- 
wat 014 Fi2 pedance circuit. For proper operation it is 
013 F13 recommended that Vin and Voyt be con- 
Reset 100 99 *FI4 Strained to the range Vsss(Vjn_ or 

Vout) = VDD. 
* See Figure 2 for typical : 018 F15 Unused inputs must always be tied to an 
crystal oscillator circuits. 019 F16 appropriate logic voltage level (e.g., either 


Vss or Vpp). 


* %* When Reset=0, outputs F1 thru F14=0, outputs F15 and F16=1. 
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ELECTRICAL CHARACTERISTICS 


= wmbel | vae [win | Max | win | Tye 
5.0 


| | typ | Max _| 
| Supply Voltage | Vpp | - | 475 | 525 | 475 | 50 | 52 | 47 | 525 | Vv 


75 
Output Voltage “0 Level 0.05 Pak V 
“1” Level 4.95 4.95 — 4.95 V 

5 


ese 5.25 
vou [ee | ase 
Input Voltage 
(Vo =4.5 or 0.5 V) = 1.5 — 2.25 15 Jo - 1.5 V 
(VQ =0.5 or 4.5 Vde) Vv 3 zs 3.5 2.75 _ 3.5 = V 
| —0.23 | 
| 0.23 , : 
+0.1 _ +0.00001) +0.1 +1.0 | pA 
= -~7.5 
aa ee 
ee ke 


Output Drive Current 
(VoH=2.5 V) Source 
(VoL =0.4 V) Sink 
Input Current 
Pins 21, 22, 23 
Pin 10 
Quiescent Dissipation 
Power Dissipation®* t 


(Dynamic plus Quiescent) 
(Ci = 15 pF) 


(6) 
V 
O 
lo 
ne ae 


| Cin _| 
Pa 
fm |e 
Output Rise Time**. eee 
tr = (3.0 ns/pF) CL +25 ns 
Output Fall Time** fae || ee 
tf= (1.5 ns/pF) CL +47 ns 
50 


) 

t 
Clock Pulse Wath | ic) | = | 200 
[Reser Pulse Wiath [twin | - | 800 


tFor dissipation at different external capacitance (C,_) refer to corresponding formula: 
PIC, =Pp+2.6x 10 3(C, — 15 pF) Vpp2f 
where: PT, Pp in mW, C_ in pF, Vpp in Vdc, and f in MHz. 
**The formula given is for the typical characteristics only. 


» 
Uu 
IL 

IH 
H 
L 

in 

CL 


TABLE 1 — OUTPUT CLOCK RATES 


Output Output Rates (Hz) 
Number [x64] Xie | x8 | x1 


“F16 is buffered oscillator output. 
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FIGURE 1 — DYNAMIC SIGNAL WAVEFORMS 


90% 
Input 10% 


90% 


£0) 
Output pears pean 
tTLH _ tTHL 


FIGURE 2 — TYPICAL CRYSTAL OSCILLATOR CIRCUIT 


Rate Select 
Reset A B 


Bit Rate 
Clock Outputs 


20 


Xtalout R¢= 15 MQ+ 10% 


Crystal Specifications 

Crystal Mode Parallel 

Frequency 1.8432 MHz +0.05% @13 pF 
540 2 max 
7.0 pF max 

Temperature Range 0 to 70°C 

Test Level 1 mW 

Test Set TS — 330/TSM or Equivalent 


“Suggested Crystal Suppliers: 
Tyco, CTS Knights 


Circuit diagrams utilizing Motorola products are included as a means 
of illustrating typical semiconductor applications; consequently, 
complete information sufficient for construction purposes is not 
necessarily given. The information has been carefully checked and is 
believed to be entirely reliable. However, no responsibility is assum- 
ed for inaccuracies. Furthermore, such information does not convey 
to the purchaser of the semiconductor devices described any license 
under the patent rights of Motorola Inc., or others. 
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CMOS LSI 


(LOWPOWER COMPLEMENTARY MOS) 


UNIVERSAL LOW SPEED MODEM (0-600 bps) 


UNIVERSAL LOW SPEED 
(0-600 bps) 
MODEM 


The MC14412 contains a complete FSK (Frequency-Shift Keying) 
modulator and demodulator compatible with both foreign (C.C.1.T.T. 
standards) and U.S.A. low speed (0 to 600 (bps) communication net- 
works. 


@ On-Chip Crystal Oscillator with External Crystal 

®@ Echo Suppressor Disable Tone Generator 

® Originate and Answer Modes 

@ Simplex, Half-Duplex, and Full-Duplex Operation 

®@ On-Chip Sine Wave Generator 

@ Modem Seif Test Mode 

@ Single Supply: 
Vpp =4.75 to 15 Vde MC14412FP, MC14412 FL 
Vpp =4.75 to 6.0 Vdc MC14412VP, MC14412VL 


@ Selectable Data Rates: 0-300, 0-600 bps 
® Post Detection Filter 
@ TTL or CMOS Compatible Inputs and Outputs 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 CASE 648 


ORDERING INFORMATION 


MC144XX Suffix Denotes 
i. L Ceramic Package 
P Plastic Package 


F 4.75 to 15 Vdc 


V 4.75 to 6.0 Vde 


Sine Wave 09 Transmit Carrier 
Generator (FSK Output) 


Tone 36 Te a 
nabdle 
ct ae ee 

SO ST 

Mode 100 


Pane eh eee 
Decoder 

Type 140 

Echo 130 pee 

TTL Pull Up 


50 
pa 
Disable 01 Receive 
as om Carrier 
fa aT: Rate Demodulator Level 
Reeve Pate nae OR PU Counter Change 
- ae ae == 
\ 
le Sy ph ee Demodulator 
uur Decoder 


Detector 
Receive Data 7¥ | oetton 


Register Fil 
Vop c ! g ter 


Self Test 


Vpp= Pin 16 
Vss=Pin 8 
20 
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ELECTRICAL CHARACTERISTICS 


Output Voltage Pin 7 Only 
“0” Level 
Vin=Vpp or 0 
“1 Level 
Vin=0 or Vpp 


0.05 
0.05 
0.05 


+ 
< 
n°) 


os 

1 2 © 

no 
oe = 
opon=) 
ana 


VOL 


Vpp** 
5.0 
10 
15 
5.0 4.95 
VOH 10 9.95 
15 


sl P< |g 
< < =) 
- 


Input Voltage* 


“O" Level | 
(Vo =4.50r0.5 V) VIL 1.5 Eo — 15 V 
(Vo =9.0 or 1.0 V) 3.0 3:0 — 3.0 
(Vo = 13.5 or 1.5 V) 4.0 4.0 _ 4.0 
1" Level 
Pin 15 
(VQ =0.5 or 4.5 V) 
(Vo=1.0 or 9.0 V) VIH Vv 
(Vo =1.5 or 13.5 V) 
Output Drive Current 
Pin 7 Oniy 
(VOH =2.5) IOH 5 mA 
(VOH =9.5) 10 ; 
(VOH = 13.5) 15 —1.5 
(VoL =0.4) 4.75 2.0 4.0 
(Vo, =0.5) lO. 10 4.5 10 mA 
(Vop = 1.5) 15 13 os) 
Input Pull-Up Resistor 
Source Current 
(Pin 15=Vss, 
Vin = 2.4 Vdc) 5 285 250 460 205 pA 
Pins 1, 2, 5, 6, 10, 11 
12, 13, 14 
Total Supply Current 5 4.5 1.1 4.0 3.5 
(Pin 15=Vpp) IT 10 13 4.0 12 11 mA 
15 Oe 8.0 25 23 
Modulator/Demodulator 
Eequency ACC | Sto 15 0.5 % 
Accuracy 
(Excluding Crystal) 
Transmit Carrier Output V 5 — 20 —.25 
2nd Harmonic 2H 15 ~25 — 32 
Transmit Carrier Output 5 0.2 0.30 
Voltage (Ry = 100 kf) Vout 10 0:5 0.85 VRMS 
(Pin 9) 15 1.0 1.5 
Maximum Receive 5 15 15 15 
Carrier Rise and Fall tr, tf 10 5.0 5.0 5.0 BS 
Times (Pin 1) 15 4.0 4.0 4.0 


*DC Noise Immunity (Vj_, VjH) is defined as the maximum voltage change from an ideal ‘0"’ or ‘’1"’ input level, that the circuit will withstand 
before accepting an erroneous input. 
**Note: Only 5-Volt specifications apply to MC14412VP devices. 
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MAXIMUM RATINGS (Voltages referenced to Vss, Pin 8) 


DC Supply Voltages 
MC14412FP, FL 
MC14412VP, VL 


input Voltages, All Inputs 


DC Current Drain per Pin (except Pin 8, 7) 
DC Current Drain (Pin 8, 7) 

Operating Temperature Range 
Storage Temperature Range 


Rx Car 
ST 
Oscout 
Oscijn 
Reset 
Rx Rate f 
Rx Data 
Vss 


Vpp + 0.5 to 


This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- © 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high im- 
pedance circuit. For proper operation it is 
recommended that Vin and Voyt be con- 
Strained to the range Vss<(Vjn_ or 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 
Vss or Vpp). 


DEVICE OPERATION 


GENERAL — 


Figure 1 shows the modem in a system application. The 
data to be transmitted is presented in serial format to the 
_modulator for conversion to FSK signals for transmission 
over the telephone network. The modulator output is buf- 
fered/amplified before driving the 600 ohm telephone line. 

The FSK signal from the remote modem is received via the 
telephone line and filtered to remove extraneous signals such 
as the local Transmit Carrier. This filtering can be either a 


bandpass which passes only the desired band of frequencies | 


or a notch which rejects the known interfering signal. The 
desired signal is then limited to preserve the axis crossings 
and fed to the demodulator where the data is recovered from 
the received FSK carrier. 


INPUT/OUTPUT FUNCTIONS 
Figure 2 shows the |/O interface for the MC14412 low- 
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speed modem. The following is a description of each in- 
dividual signal. 


TYPE (Pin 14) 


The Type input selects either the U.S. or C.C.1.T.T. opera- 
tional frequencies for both transmitting and receiving data. 
When the Type input=‘'1’’, the U.S. standard is selected 
and when the Type input= ‘0’, the C.C.1.T.T. standard is 
selected. | 


TRANSMIT DATA (Tx Data, Pin 11) 


Transmit Data is the binary information input. Data. 
entered for transmission is modulated using FSK techniques. 
When operating in the U.S. standard (Type=‘'1") a logic 
"1" input level represents a Mark or when operating in the 
CCITT standard (Type="0") a logic ‘1’ input level 
represents a Mark. 
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FIGURE 1 — TYPICAL LOW-SPEED MODEM APPLICATION 


Transmit Data ae 
Parallel Format Data Flow 
ree ee = 
i Tx 
Terminal Tx Data | NedulateE | paplaker Telephone 
Transmitter 11 E Car Network 
MC14412 | ESK 
Format 
Terminal Bandpass 
Receiver Demodulator Filter 
and Limiter* 
Receive Data 
Parallel Format 
Since the modulator and demodulator sections of the MC14412 are 
functionally equivalent to those of the MC6860, additional application 
information can be obtained from the following Motorola publica- 
tions: | 
AN-731 Low-speed Modem Fundamentals 
AN-747  Low-speed Modem System Design Using the MC6860 
EB-49 Application Performance of the MC6860 MODEM. 
FIGURE 2 — MC14412 INPUT/OUTPUT SIGNALS 
1.0 MH 
*CRYSTAL SPECIFICATION Cae 
Crystal Mode — Parallel 
Frequency — 1 MHz +0.1% (] 
Rs = 540 2 typ 
Co=7 pF typ 
Temperature Range — 40°C to +85°C 
Test Level — 1 mW 
Suggested Crystal Suppliers 
Tyco, CTS Knight and 
Motorola Crystal Products Modulator 
Re=15 mQ+20% ff ferme ee ae ee ee me me 
To To 
Data Terminal Control Telephone 
Equipment Network 


Demodulator 
Ra Data Rate 


Reset 
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TRANSMIT CARRIER (Tx Car, Pin 9) 

The Transmit Carrier is a digital-synthesized sine wave 
derived from a 1.0 MHz oscillator reference. The Tx CAR has 
an AC output impedance of 5 kQ typical. The frequency 
characteristics are as follows: 

United States Standard 
Type= "1" 
Echo = ‘0’ . 

Tx Car 
Originate 1270 Hz 
Originate 1070 Hz 

2225 Hz 

* 2025 Hz 


Answer 
Answer 


C.C.1.T.T. Standard 
Type= "0" 
Echo= "0" 


| Mode Tx Data | Tx Car_| 


Channel 
No. 1 


Channel 
No. 2 


Echo Suppressor Disable Tone 
Type = “oO” 
Echo =‘"1" 


TRANSMIT ENABLE (Tx Enable, Pin 12) 


The Transmit Carrier output is enabled when the Tx 


Enable input= ‘’1’’. No output tone can be transmitted when 
Tx Enable = “0”. 


MODE (Pin 10) 


The Mode input selects the pair of transmitting and 
receive frequencies used during modulation and demodula- 
tion. When Mode=‘'1’’, the U.S. originate mode is selected 
(Type input=‘'1’’) or the C.C.1.T.T. Channel No. 1 (Type in- 


put=‘'0’). When mode="0", the U.S. answer mode is: | 


selected (Type input=‘'1"’) or the C.C.I.T.T. Channel No. 2 

(Type input=‘0"’). 

_ ECHO (Pin 13) . 

_ When the Echo input= ‘1’ (Type=“0"", Mode=‘’0"’, Tx 
Data=‘'1"") the modulator will transmit a 2100 Hz tone for 


disabling line echo suppressors. During normal data 


transmission, this input should be low=‘'0". 


RECEIVE DATA (Rx Data, Pin 7) 

The Receive Data output is the digital data resulting from 
demodulating the Receive Carrier. | 
RECEIVE CARRIER (Rx Car, Pin 1) 


The Receive Carrier is the FSK input to the demodulator. 
This input must have either a CMOS or TTL compatible logic 


. level input (see TTL pull-up disable) at a duty cycle of 50% 


+2%, that is a square wave resulting from a signal limiter. 


RECEIVE DATA RATE (Rx Rate, Pin 6) 


The demodulator has been optimized for signal to noise 
performance at 300, and 600 bps. 


0-300 bps Bias ba 
0-600 bps "0" 
SELF TEST (ST, Pin 2) ; 

When a high level (ST =‘'1"’) is placed on this input, the 


demodulator is switched to the modulator frequency and 
demodulates the transmitted FSK signal. 


RESET (Pin 5) 


This input is provided to decrease the test time of the chip. 
In normal operation, this input may be used to disable the 
demodulator (Reset=‘'1'’) — otherwise it should be tied 
low=“'0"'. The reset-pin does not reset Rx data pin 7. 


CRYSTAL (Oscijn, Oscout, Pin 4, Pin 3, respectively) 


A 1.0 MHz crystal is required to utilize the on chip 
oscillator. A 1.0 MHz square wave clock can also be applied 
to the Oscjn input to satisfy the’ clock requirement (see 
Figure 2). . 

When utilizing the 1.0 MHz crystal, external parasitic 
Capacitance, including crystal shunt capacitance, must be 
<9 pF at the crystal input (pin 4). Pin 3 is capable of driving 
only one CMOS input. 


TTL PULL-UP DISABLE (TTLD, Pin 15) 


- Toimprove TTL interface compatibility, all of the inputs to 

the MODEM have controllable P-Channel devices which act 
as pull-up resistors when TTLD input is low ("0"). When the 
input is taken high (‘'1'’) the pull-up is disabled, thus reduc- 
ing power dissipation when interfacing with CMOS. Pin 15 
should be taken high ('1"’) with Vpp greater than 6 volts. 


FIGURE 3 — M6800 MICROCOMPUTER FAMILY BLOCK DIAGRAM 


MC6800_——= 
Microprocessor 


Address Data 
Bus Bus 


MC14412 fg 
Modem 


Telephone 
Network 


Transmit 
Receive Re Duplexer 
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FIGURE 4 — TRANSMIT CARRIER SINEWAVE 


R= 100 k Vpp=5V (TxCar) 


-1.9V 


- 1.45 V 


Amplitude 


i-1V 


Time 


FIGURE 5 — TYPICAL TRANSMIT CARRIER FREQUENCY SPECTRUM 
0 


- 20 


Gain (dB) 
| 
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ist 2nd Frequency 
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MOTOROLA _ 


= SEMICONDUCTOR ox 
TECHNICAL DATA | 


MC14413-1 


MC14413-2 
MC14414-1 
MC14414-2 


PULSE CODE MODULATION SAMPLED DATA FILTERS 


The MC14413-1, -2 and MC14414-1, -2 are sampled data, switched. . 
capacitor filter ICs intended to provide the band limiting and signal. ~ 
restoration filtering necessary in PCM Codec voice digitization systems.. 
Both ICs are capable of operating from either a single or split power 
supply and can be powered-down when not in use. Included on both. 
chips are two totally uncommitted op amps for use elsewhere in the - 
systems as | to V converters, gain adjust buffers, etc. ~ 


CMOS LSi 


_ (LOW-POWER COMPLEMENTARY MOS) 
PULSE CODE MODULATION 
SAMPLED DATA FILTERS 


Transmit Band-pass and Receive Low-pass (MC14413-1, -2) 
Transmit and Receive Low-pass (MC14414-1, -2) 

D3/D4 Specifications (MC14414-2/ 13-2) _ 

CCITT Specification (MC14414-1/13-1) 

Low Operating Power Consumption — 30 mW (Typical) 

Power Down Capability — 1 mW (Maximum) 

Single Supply Capability when Used with MC14404/6/7 Codecs 
+5 to +8 Volt Power Supply Ranges 
Receive Filter Compatible with 15% to 100% Duty Cycle PAM Input 


with Sinx/x Correction | L SUFFIX P SUFFIX 
@ No Precision Components Required (MC14413-1, -2) CERAMIC PACKAGE = PLASTIC PACKAGE 
CASE 620 CASE 648 


TTL Compatible Inputs Using VLS Pin 
Two Operational Amplifiers Available to Reduce S 
Count bx, tx " 


ipo RCNA PIN ASSIGNMENT 


D TxO (MC14413) 


Receive 
; Filter 
es 


Level Shift 
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MAXIMUM RATINGS (Voltages referenced to Vss) 


This device contains circuitry to protect 
the inputs against damage due to high static 


DC Supply Voltage 


Vop-Vss —0.5 to 18 


voltages or electric fields; however, it is 
advised that normal precautions be taken 
to avoid application of any voltage higher 
than maximum rated voltages to this high 
impedance circuit. For proper operation it 


5 
0m 


Oni 
aa 
FBI Vop +05] Vv 
Gy 
ee ee 


V 

V 
A 

°C 
C 


is recommended that Vin and Voyt be 

constrained to the range Vss < (Vin or 

Vout) < Vpp- 

Unused inputs must always be tied to an 
| appropriate logic voltage level (e.g., either 


Vss or Vpp). 


85°C 


Cheracteriti Symbal | Vo Faia Mart CM —[ Tap [a ie ar 

Power Down Curent (PDI= Vea) ee eS ee ee on eo 

input Capacitance Fe 
MODE CONTROL LOGIC LEVELS 


Vis Power-Down Mode VIH 


Vis TTL Mode 


12 
15 
12 ; 
15 : 
ros «fey fes] = 
12 
VAG Power-Down Mode 15 
7 
1 


BE 
oO (op) 
gs 
— ab 
-- ND 
oa 
EB 
ao) 
t It r IS > = Cc 


VAG Analog-Ground Mode VIL 
CMOS LOGIC LEVELS (V_s=Vss) 
Pinpat Curent ccl—SSCSCSC~S~*~idYCiN ~SP @Y — tO] — —[ 200000T | g03 | — [at 
Input Current MSI "1”" Level 12 _ 200 50 100 00 
(Internal Pulldown Resistors) 0" Level Sin 12 — | -1.0 ee — 0.00001 -0.3 —1.0 
Input Voltage CCI, MSI Vib Fate a poe 5.25 3.60 
15 6.75 4.0 
vw fel bo | ts | se | - 
15 8.25 
TTL LOGIC LEVELS (V_s=6 V, Vss=0 V) 


Input Current MSI! "1" Level 12 
(Internal Pulldown Resistor) 0" Level 12 
Input Voltage CCI, MSI “0” Level VIL 12 

“1” Level VIH 12 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-175 


MC14413-1, MC14413-2, MC14414-1, MC14414-2 


ANALOG ELECTRICAL CHARACTERISTICS (Vpp= 12 V ) 


Input Current. _ ‘ 


Input Current a Rxl, Txl 


AC input Impedance (1 kHz) Rxl, Txl 


Output Voltage Range 
(RL = 20 kQ to Vac) 
(R_ =600 & to Vac) 
(Ri, =900 2 to Vac) 


Small Signal Output Impedance (1 kHz) TxO (MC14413) . 
LPO (MC14414) Zo 
RxO 


Output Current 
(Vo=11V) TxO, LPO, RxO 
(Vo=1V) TxO, LPO, RxO 


OP AMP PERFORMANCE (Vpp - Vss = 12 V) 


Characteristic 


Input Offset Voltage 


Open Loop Gain Z_ =600 2 + 200 pF to VAG | - | | 4B 


Input Bias Current 
Output Voltage Range 
(Ry =20 kQ to Vac) 
(R_ =600 & to Vac) 
(R_ =900 Q to Vac) 
Output Current . 


Output Noise 


RECEIVE FILTER SPECIFICATIONS | 
(VoD —Vsg=12 V, CCl= 128 kHz, MSI=8 kHz, includes sinx/x correction, Vin= — 10 dBm0, full scale= +3 dBm0, 7 V p-p) 


+ 
Ee 


p[ifsee [lst cel dF 


Out of Band Rejection Relative to 1.02 kHz@0 dBm0 MC14414/13-1 |. 
3400 Hz MC14414/ 13-2 
4000 Hz-4600 Hz 
4600 H2-64 kHz : 

Output Noise (RX!= Vag) ref to 9009 

Dynamic Range 

Absolute Delay Difference 
1150 to 2300 kHz Delay 
1000 to 2500 kHz Delay 
800 to 2700 kHz Delay 

Crosstalk 0 dBm@3 kHz 

Power Supply Rejection Ratio Vpp = 12 V+0.1 Vrms@1 kHz 
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TRANSMIT FILTER SPECIFICATIONS (Vpp —- Vss=12 V, CC= 128 kHz, MSI=8 kHz, Vjn= — 10 dBm0, full scale= +3 dBm0, 7 Vp-p) 
Characteristic 
Gain (1020 Hz) MC14413-1, -2 
MC14414-1, -2 |—0.25 
Pass-band Ripple Relative to 1.02 kHz@0 dBm0 
(300 Hz to 3000 Hz) 


Rejection 
50 Hz (Relative to 1.02 kHz) MC14413-1, -2 Only 
60 Hz MC14413-1, -2 Only 
180 Hz 
3400 Hz MC14414-1/13-1 

MC14414-2/13-2 


4000 Hz-4600 Hz 
4600 Hz-64 kHz 
Output Noise MC14413-1, -2 
(300 Hz-3400 Hz) MC14414-1, -2 
Dynamic Range MC14413-1, -2 
(7 V p-p Max) MC14414-1, -2 
Absolute Delay Difference 
1150 to 2300 kHz Delay 
1000 to 2500 kHz Delay 
800 to 2700 kHz Delay 
Crosstalk 0 dBm@3 kHz RXO, TXO 


Power Supply Rejection Ratio Vpp= 12 V+ 0.1 VaMS@1 kHz 


SWITCHING CHARACTERISTICS (Vpp- Vss =110 V) 


Min | 
Input Rise Time CCi,MS!I} tTLH 
Input Fall Time tTHL ae as | 
Pulse Width CCI,MXI] twH | 200 | — | | ons | 
Clock Pulse Frequency . | — | 


CCl Duty Cycle 


Setup Time 
MSI Rising Edge to CC| Rising Edge (CCI = 128 kHz)* 


"Specifications assume use of 50% duty cycle for clocks. 


CCl 


MSI 
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Pin 1 — Vac (Analog Ground) 


This pin should be held at approximately (Vpp-VEE)/2. All 
analog inputs and outpus are referenced to this pin. If this 


pin. is brought to within approximately 1.0 V of VDD. t the - 


chip will be powered down. 


Pin2— +A 

Noninverting input of op-amp A.. 
Pin3— -A 

inverting input of op-amp A. 
Pin 4 — AO 

Output of uncommitted on: amp A. 
Pin 5 — BO 

Output of uncommitted op-amp B. 
Pin 6 — -—B 

Inverting input of op-amp B. 
Pin7 — +B 

Non-inverting input of op-amp B. 
Pin8 — Vss 


This is the most negative supply pin and digital ground for 
the package. — 


Pin 9 — Vig (Logic Shift Voltage). 

The voltage on this pin determines the logic compatibility 
for the CCI and MSI inputs. If Vis is within 0.8 V of Vss, 
the thresholds will be for CMOS operating between Vpp 
and Vss. If VLs is within 1.0 V of Vpp, the chip will power 
down. If Vis is between Vpp-2 V and Vsg+2 V, the 
thresholds for logic inputs at CCl and MSI will be between 
VLS+0.8 V and Vis +2.0 V for TTL compatibility. 


FUNCTIONAL DESCRIPTION OF PINS 


Pin 10 — MSI (Master Sync Input) 

This pin should receive a low-to-high transition concurrent 
with each new PAM sample received at the receive filter in- 
put, ADI. A new transmit filter output sample will be 
presented 8 CCI clocks after this. 

Pin 11 — CCl (Convert Clock Input) 

Normally, a 128 kHz clock signal should be applied to this 
pin to operate both filters at fo = 3100 Hz.For other break fre- 
quencies use the following equation: fo = 0.02422 f clock. 
Pin 12 — TxO (Transmit Band-pass Output— MC14413-1, -2) 

This is the output of the transmit band-pass filter. It is 
100% duty cycle PAM at 8 kHz. . 

Pin 12 — LPO (Transmit Low-pass Output — MC14414-1, -2) 

This is the output of the transmit low-pass filter. It is 100% 
duty cycle PAM at CCI frequency, normally 128 kHz. 

Pin 13 — Tx! (Transmit Input) 

This is the transmit-filter input. 
Pin 14 — RxO (Receive Output) 


This pin is the output of the receive filter. It is 100% duty 
cycle PAM at the same frequency as the CCI pin, neunery 
128 kHz. 


Pin 15 — Rxl (Receive Input) 
This is the receive filter input. It will accept 15% to 100% 
duty cycle PAM at 8 kHz. 


Pin 16 — Vpp 
Nominally 12 voits. 


NOTE: Both Vagc and V{¢§ are high- impedance inputs. 


PCM FILTER DESCRIPTION 


Transmit Filter Description 


The transmit filter in both. the MC14413-1, -2 and 
MC14414-1, -2 consists of a 5-pole elliptic low-pass section 
operating at a sampling rate of 128 kHz. This filter provides 
the band limiting necessary to prevent aliasing of the input 
signal in the codec. Since the transmit filter itself samples at 
a 128 kHz rate, its input (Txl) signal should be band limited to 
124 kHz. If energy above 124 kHz could be present, a single- 
pole RC pre-filter should precede the transmit filter. 


In addition to the low-pass section, the transmit filter of . 


the MC14413-1, -2 incorporates a 3 pole Chebychev high- 


pass filter to provide 50/60 Hz and 15 Hz rejection. Although | 


the MC14414-1, -2 does not include this filter, it can be exter- 
nally realized using one of the on-board uncommitted op 
amps as an active filter. This is shown in Figures 10 and 11. 

Both the MC14413-1, -2 and MC14414-1, -2 can be used in 
cascade to produce a sharper rolloff. This is especially useful 
in testing the MC14413-1, -2 since the 8 kHz PAM from the 
Tx filter will be sampled and sinx/x corrected by applying the 
Tx output to the Rxl input and observing RxO. 


Receive Filter Description 


The receive filter sections of the MC14413-1, -2 and 
MC14414-1, -2 are identical and are 5-pole elliptic low-pass 
filters operating at a sampling rate of 128 kHz. These filters 
are used to smooth the PAM output of the PCM Codec. 
They are similar to the transmit low-pass sections with the 
exception that they include a 1/8 duty cycle 8 kHz pre- 
sampler on their inputs (Rx!l). 

This circuitry resamples the codec’s PAM output and 
thereby effecively eliminates the sinx/x distortion normally 
associated with 15% to 100% 8 kHz PAM pulse trains and 
eliminates the need to predistort the receive filter’s pass- 


band characteristic. 
In normal use as a codec’s receive filter, MS! will be an 
8 kHz signal. With the MC14407 codec family, the filter MSI 


is the same as the codec MSI. With other codecs, the MSI 


signal is receive sync. 

The MC14414 may also be used in analog applications by 
disabling the sinx/x correction. If MS! and CCl are tied 
together, the receive filter has the same frequency response 
as the transmit filter and a gain of 18 dB. 


Timing And Synchronization 

Timing and synchronization of the MC14413-1, -2 and 
MC14414-1, -2 are provided by the CCl and MSI inputs. A 
128 kHz signal should be applied to CCI. An 8 kHz signal, 
whose low-to-high transition coincides with a new output 
sample from the PCM codec, should be applied to MSI. The 
rising edges of theCCl and MSI signals should be skewed no 
more than 3.0 ys for proper operation. 

Logic levels of these signals can be either TTL or CMOS 
compatible. Choice of logic level can be user determined by 
applying the appropriate voltage to the level shift control pin, 
VLS: 

Power Down 


Both the MC14413-1, -2 and MC14414-1, -2 may be 
powered down in either of two ways: by bringing VAG to 
within 0.5 V of Vpp or by bringing Vis to within 0.5 V of 
VDD. 

If used on a single supply with the MC14406/7 PCM 
Codec, the filter IC will power down automatically when the 
codec does, since the codec raises its VAG pin to Vpp in 
power down. When used in a split supply configuration, the 
circuit shown in Figure 7 may be utilized. 
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Vout!Vin (dB) 


Vout!Vin (dB) 


VoutVin (dB) 
ne 
oe 


FIGURE 1 — RECEIVE FILTER TYPICAL FIGURE 2 — RECEIVE FILTER TYPICAL 


AND GUARANTEED PERFORMANCE AND GUARANTEED PASS-BAND PERFORMANCE 
(MC14413-1, -2/MC14414-1, -2, SINX/X CORRECTION INCLUDED) (MC14413-1, -2/MC14414-1, -2) 


i Tn Ca 
|cge a 
TT 


eel 


Vout! Vin (dB) 
[—] 


QE 
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————— 
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as 
es 


1k "410k 100 
fin, INPUT FREQUENCY (Hz) fin, INPUT FREQUENCY - 
FIGURE 3 — TRANSMIT FILTER TYPICAL FIGURE 4 — TRANSMIT FILTER TYPICAL 
AND GUARANTEED PERFORMANCE AND GUARANTEED PASS-BAND PERFORMANCE 
(MC14413-1, -2 AND MC14414-1, -2 USING FIGURES 10 AND 11) (MC14413-1, -2 AND MC14414-1, -2 USING FIGURES 10 AND 11) 
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FIGURE 7 — TYPICAL CIRCUIT CONFIGURATION 
USING THE MC14407 CODEC AND MC14413-1, -2 FILTER 
(SPLIT SUPPLY) 


128 kHz 
Rx Data 
“Rx Enable: 
Data Clock 
Tx Data 
Tx Enable 
8 kHz 
Power Down 
1/6 MC14069 
FIGURE 8 — TYPICAL CIRCUIT CONFIGURATION 
USING THE MC14407 CODEC AND MC14413-1, -2 FILTER 
(SINGLE SUPPLY) 
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"Keep all capacitors as near to device pins as possible. 
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FIGURE 9 — MOTOROLA CODEC FILTER EVALUATION BOARD 


*All capacitors should be as near to component pins as possible. 
*In noisy environments, R3-R6 should be 10 kQ or less to minimize pickup. 


MC14404/7 


VDD 


Vss 


—eg CC! (128 kHz) 


Channel Enable (8 kHz) 


Data Clock (1.544 or 2.048 MHz) 


——«g Master Sync (8 kHz) 


C1,-C2* 


2000 pF 
4700 pF 
0.1 pF 


20% 
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1% 
1% 
1% 
1% 
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MC14413-1, MC14413-2, MC14414-1, MC14414-2 


_ TYPICAL END-TO-END CHANNEL PERFORMANCE FOR MOTOROLA 
MC14413-1, -2/14-1, -2-MC14404/7 CODEC AND FILTER 


MC14407/13-2 
SPECIFICATION BELL PUB 43801 


QUANTIZING DISTORTION 
SINUSOIDAL INPUT 
C MESSAGE WEIGHTED 


a 


—50 .- -30 -20 -10 
Input Level (dBm) Referenced to 0 dBm0 @ 1.02 kHz 


8 8 


Signal to Noise Ratio in dB 
NO 
o) 


SINUSOIDAL GAIN TRACKING ~ 


Input Level (dBm) Referenced to — 10 dBm0 @ 1.02 kHz 
— 50 =40 -H ~20 — 10 0 +10 


+ 


Gain Error in dB 


+0.3 dB 
YZ 
4, 0 dB 
g, ~—0.3 dB 


~3.0 dB 
/, 

Ge Frequency 
1.0 2.03.0 | 5.08.012 20 inkHz 


7 YJ — 28 dB 


— 60 dB 


06 0.2 0.3 
kel / 


Gain Error in dB 


MC14404/13-1 
SPECIFICATION CCITT G7.i2 


QUANTIZING DISTORTION 
PSEUDO RANDOM NOISE 
3 kHz FLAT WEIGHTING 


BN 
(=) 


8 


Signal to Noise Ratio in dB 
S 


Input Level (dBm) Referenced to 0 dBm0 @ 0.82 kHz 


PSEUDO-RANDOM NOISE GAIN TRACKING 


Input Level (dBm) Referenced to — 10 dBm0 0.82 kHz 
— 50 — 40 - 30 — 20 - 10 


+ 
= 
oa 


I | 
—_ (omn 
ono 


+0.3 dB 
“GA 
Z 0 dB 


— 1.8 dB 


ars 
VY, Frequency 


06 0.203 1.0 2.03.0 | 5.08.0 12 20. in kHz 
en 


Yf — 28 dB 


— 60 dB 
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TYPICAL END-TO-END PERFORMANCE OF MOTOROLA CODEC AND FILTER 
(All measurements made using HP3779B PCM Test Set) 


Typical Bell System ; CCITT 
es 7s Performance of D4 Voice Frequency G7.12 
Specification MC14407/4 Codec and Requirements Voice Frequency 
MC14413 Filter PUB 43801 Requirements 


Channel Saturation +3 dBm0 +3 dBm0 +3 dBm0 


Gain Tracking with 1 kHz Tone 
+3 to —40 dBm0 = +0.5 dB = +0.5 dB 
— 40 to —50 dBm0 <s+1.0 dB s+1.0 dB 
—55 dBm0 = +3.0 dB s+3.0 dB 
Guantizing Distortion @ 1 kHz 
+3 to —30 dBm0 
— 35 dBm0 
— 40 dBm0 
— 45 dBm0 


Idle Channel Noise with VTIX=VaG 16 dBrncO 23 dBrncO ss — 65 dBm0P 


Quiet Code Noise (all 1's at decoder (RDD) input) 10 dBrncO ss 15 dBrncO ss — 75 dBm0P 
Selective Response @ Multiplex of 8 kHz — 60 dBm0 See Frequency Response s —50 dBm0 
Frequency Response @ 0 dBm0 Input 

50 Hz Gain Relative to 1.02 kHz s —24 dB 
60 Hz Gain or 0.820 kHz _ 

200 to 300 Hz Ripple s +0.5 dB 
3400 Hz Gain : ? 2-1.8dB 
4000 Hz Gain s —28 dB 
= 4600 Hz Gain = —60 dB 


Single Frequency Spurious Response 
In Band with Input 1 kHz @ 0 dBm s -44dB s —40 dB s —40 dB 
Out of Band with Input 0 to 12 kHz @ 0 dBm s — 32.5 dB s —28 dB <= -—25 dB 


Differential Delay Distortion 
1150 to 2300 
1000 to 2500 
900 to 2700 


FIGURE 10 — FILTER SCHEMATIC FOR MC14414-1, -2 WITH 60 Hz REJECT FILTER 


R1 
C1 C2 ; 
v7x—| C3 
4 13 12 ADI 
eat 3 C4 
High Zin =7 Vp-p Tx Low-Pass 
R2 R3 R4 
VAG VAG 
LowZoyt 7Vp-p 
1 15 
VRX is ADO 


Rx Low-Pass 
C1, C2, C3 4700 pF +1% 


C4 0.2 pF — 20% + 80% 
R1 112k wW 1% 
R2 620 k2 %W 1% 
R3 223 kQ %W 1% 
R4 100 kQ %W 10% 


“In noisy environments, R1-R4 should be 10 kQ or less to minimize pickup. 
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FIGURE 11 — FILTER SCHEMATIC FOR MC14414-1, -2 WITH 60:Hz REJECTION AND 900 TERMINATION 


Ri 7 
| =~ | 3 C4 
— +C\ F = 
Tx Low-P 
Zin = 900 2 x Low-Pass 
Vin Max= +3'dBm $10 R2 R6 R3 1 R4 
VAG 
VDD 
Zout = 900 2 R8 
7 | 14 15 : <8 ADO 
5 R7 
R11 6 Rx Low-Pass 
C1, C2, C3. 4700 pF +1% 
C4 0.2 pF — 20% .+80% 
R1 236 ka *W 1%. . 
R2 /294kO *ZW 1% 
R3 223 kN %W 1% 
R4 100k2 %W 10% 
R5 200 kQ %W 1% 
R6 169 kQ ZW 1% 
R7 24AkKN YW 1% 
R8 33kQ AW 1% 
RQ 18k2 %YW 10% 
R10 SON *W 1% 
“In noisy environments, R1-R8 should be 10 kQ or less. R11 SON MW 1% 


FIGURE 12 — TYPICAL 2-WIRE PORT INTERFACE USING MC14413 


VRX 

: Rx Low-Pass 
ADO 
VAG 


VTX 
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FIGURE 13 — TYPICAL 4-WIRE PORT INTERFACE USING MC14413 


VRX 
RO 
R3 Rx Low-Pass 
VAG 


Tx Band-Pass 


7 wae 


Full Scale Voltage at TxO (LPO) Rx! 


600 4.16 dBr 161 k 
; 600 6.00 dBr 100 k Short — Open 


7.6 V p-p, +9 dBm 


Interface to 2-wire or 4-wire ports using the MC14413-1,-2/14-1, -2 is shown in Figures 12 and 13, respectively. The table above shows some 
voltages typically used with the filter and the appropriate resistor values for cases in which the codec/ filter OTLP is less than or equal to the 0 
dBm level. If the codec/ filter overload voltage is greater than required for 0 dBm levels in the load, the RxO output can be voltage divided by 
two resistors and the extra op amp used as a voltage follower. 


FIGURE 14 — GENERATOR FOR 128 kHz IN SYSTEM USING 2.048 MHz CLOCK 
Vss 


3 1Cs: MC14520, MC14013, MC14069 


8 kHz Sync 


VDD 


2 
DC 2.048 MHz E a 
Ye MC14520 Vss 
‘ | 
MSI 8 kHz 
CD 


CCI 128 kHz 
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FIGURE 15 — 128 kHz FREQUENCY SYNTHESIZER USING 8 kHz INPUT 


128 kHz Output 


8 kHz Input 


MC14024 (Counter) 


Vgg RESET 


R1=12.5 k 


C2=0.01 pF 


FIGURE 16 — GENERATION OF 128 kHz IN SYSTEM USING 1.544 MHz CLOCK 


8 kHz Sync 


1.544 to 1.576 MHz 


128 kHz CCI 
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FIGURE 17 — TELEPHONY C-MESSAGE FILTER USING MC14414-1, -2 FILTER 


Tx Low-Pass 


BO Vout 
VinO — |; : 


C1, C2, C3 4700 pF 2% 


R1 19.6 k 1% 
R2 97.6 k 1% 
R3 8.25 k 1% 


VAG. VLS connected to GND 

MSI, CCl connected to 134 kHz TTL clock 

0.1 nF, Vpp to Vag and Vss to VAG 

Rx Filter can also be used and will provide 18 dB of input gain 
Vpop=+5V, Vss=-5V 


NOTE: Op Amps A and B are the free op amps on the MC14414-1, -2 filter. 


Yt AE re 
} A 


_ -15 
S 
= 
= 
= 
> 

— 20 

~25 

— 30 

— 35 


FREQUENCY (Hz) 
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FIGURE 18 — DELTAMOD VOICE DIGITIZER USING MC3417 AND MC14414-1, -2 


o——— +5 
Analog Input ma 


Bit Rate Clock 
12 kHz to 32 kHz 


Digital Input 


MC3417/8 


ae 
7 
= 
= 
O 
= 


Digital Output 


Analog ; 
Output —5 R10 R6 
128 kHz 

C1 0.1 pF 20% 
C2 ~=0.01 pF 20% 
C3. 0.01 pF 
C4 = 0.33 pF 
CS (0.1 pF 
R1 9.1k 5% 
R2 5100 5% 
R3 7.5k 5% 
R4 15 k 5% 
R5 8.2k 5% 
R6 47k 5% 
R7 ~=5.1k 5% 
R8 10 k 5% 
RQ =2000 5% 


R10 22 mQ 5% 


Encode/ Decode 


CULPPLOIN ‘L-PLPPLOIN ‘Z-ELPPLOIN ‘L-ELPPLOIN 
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PER CHANNEL, ADDRESSABLE TIME SLOT ASSIGNER 


CIRCUITS (TSACs) MOS LSI 
The MC14416 and MC14418 are per channel devices that allow (LOW-POWER COMPLEMENTARY MOS) 
variable codec time slot assignment to be programmed through a serial 
microprocessor port (0-63 time slots). Both devices have independent TSAC 
transmit and receive frame syncs and enables. They also include chip TIME SLOT ASSIGNER 
select and clear to send signals which simplify system design. RCUITS 
The MC14418 provides the additional addressing capability which Cl 


allows a parallel bus back plane in the channel group. In addition, the 
MC14418 provides control bits which can be used for the power down, 
ring enable and ring trip functions on a line circuit. 

The MC14416 provides the ability to multiplex off hook signals for a 
bank of TSACs. 

Both devices are fabricated using the CMOS technology for reliable 
low power performance. The MC14418 is the full featured device pro- 
duced in a 22-pin package. The MC14416 without the addressing 
capability is offered in a 16-pin package. 

@ Low Power 


L SUFFIX P SUFFIX 


@ 5-Volt Interface on Microprocessor Port CERAMIC PACKAGE PLASTIC PACKAGE 

@ 5-16 Volt Output Logic Levels CASE 736 . CASE 708 

@ \Independent Transmit and Receive Frame Syncs and Enables 

@ Up to 64 Time Slots Per Frame 

@ For Use With Up to 2.56 MHz Clocks 

@ Provides Power Down Control for Line Circuits 

@ Compatible with MC14400/01/02/03/05 and MK5116 Codecs Ig 1 

@ Provides the Ring Enable and Ring Trip Punesons (MC14418) L SUFFIX © SUFFIX 

@ Allows Use of a Parallel Backplane for Line Circuits Due to the CERAMIC PACKAGE PLASTIC PACKAGE 
Hard Wired Address Feature (MC14418) CASE 620 CASE 648 

~ @ Off-Hook Multiplex Control (MC14416) 


CMOS Metal Gate for High Reliability 


BLOCK DIAGRAM 


PIN ASSIGNMENTS 


MC14418 
MC14416 


+ 64 


TTT ELE] 
rVVYY | 


Compare Compare 


Interface 


a eee 
See Figures 3 and 4 
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MAXIMUM RATINGS (Voltages referenced to Vss) 


Input Voltage 
Inputs Referenced to Vpp 
to Vcc 


DC Current Drain per Pin 


Characteristic 


DC Supply Voltage 
DC Supply Voltage 
Output Current TXE, RXE, QO, 
' (Vo_L=0.4 V) 
~(VoL= 1,0 V) 
(VoH=4.6 V) 
(VoH = 1.0 V) 
Output Current CTS, OHO 
(VoL =0.8 V) 
(VoL =0.8 V) 
(VoL =1.5 V) 
(VoH=0.8 V) 
(VQH=2.0 V) 
(VOH =0.8 V) 
“(VOH=2.0 V) 
(VOH= 10.5 V) 
Input Voltage (CMOS) 
FST, FSR, R2,DC1;, OC2, Ai, A2 
A3, A4, A5, OHI 


Q1 


Input Current OHI . | | 
(Active Pull Down) inH 


Input Voltage (TTL) 
CLK, CS, AD, DI 


Vcc=5V 


Input Current 
Input Capacitance 


Total Supply Current (Outputs U 
Vpp=12V 
Vop=5V 


Total Supply Current (Power Down) MC14418 Only 


After CTS=Vpp 


CLK, CS, AD, DI Inputs < 0.6 V 


Operating Temperature Range 
Storage Temperature Range —65 to +165 


This device contains circuitry to protect the in- 
puts against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid application of 
any voltage higher than maximum rated voltages 


Vint —0.5 to Vpp +0.5 to this high-impedance circuit. For proper opera- 
Vin2 ~0.5 to Vpp +0.5 tion it is recommended that Vin and Vout be con- 
10 Ade Strained to. the range Vsss(Vjin_ or 

Vout) $ VDD. 


Unused inputs must always be tied to an ap- 
propriate logic voltage level (e.g., either Vss or 
Vpp). 


lOL 
loH 
lOL 
lOH 
ViH 
VIL 
ViH 
Cin 


D 


02, Pp 
12 
1 


2 


-— = = 
No BO No Nh 


—_ 
Le) 


"0" Level 


“1” Level 


Ez 


1 


“0” Level 


= 
fo 


5 
5 
5 
5 
5 
5 
5 
5 
5 
5 


“1"" Level 


_ 
NO 


areal 
en 


2 
2 
nloaded) 
2 


DC1 at 2.048 MHz 
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SWITCHING CHARACTERISTICS (C, =50 pF, Ta =25°C, unless otherwise noted) 


[—SS~S~S~*~*~S~*SCSaratristic ———SSSSSC*SSymbl | Fig. | 

EEEaeme + Pete te 
TXE, RXE, Q0, Q1, Q2, Pp r 

TXE, RXE, Q0, Q1, Q2, Pp 12 


] 


2)/2{21{§ 
—\ 


Frame Sync Setup Time 


Propagation Delay — DC to TXE, RXE (Note 1) 
Cy =20 pF 


MHz 


Chip Select Hold Time t 
Falling CTS to Falling CS HCS 


n 


Propagation Dela 5 
t 2 6 
10K Pullup or Equivalent PCH 12 
Propagation Dela 5 
5 

1eei ie 

12 100 


NOTE 1: For time slot 0, tpH_eé and tp_ HE are measured from leading edge of DC or FST (FSR), whichever occurs last. 


FIGURE 1 — TIMING DIAGRAMS 


DC 


\ 
tSFS 


tPWFS 


ale Wy: AN 


NOTE: No restriction on falling edge. 


DC 


8 Data Clocks 


TXE, RXE 
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FIGURE 2 — PROPAGATION DELAYS FOR PROCESSOR INTERFACE PINS 


a 7 


tscs 


tPWC 


cS 
To Completion of 
——> Programming Sequence 
(Scale Changes) . tHCS 


Di, AD 


Dc : q 
FST 7 | W\ | 


ao CUNEO | a 


Q0-02 (MC14418 Only) 


CTs 


NOTE: tpcH is measured from the rising edge of the latter of FST or DC1. 


SLYDLOIN ‘SLYPLOIN 


MC14416, MC14418 


FIGURE 3 — MC14418 22 PIN 


3 4 8 9 10 22 20 19 15 14 
2) Be) Gd Bel 2) 2) C2) Le 


vee 5-Bit Compare 3-Bit Reg ST 
Cc aie ae 
i —J — 


Address 
Compare 


C Sct 


DC 
5 - 8-Bit Shift Reg. 
21 | tl t2 t3 t4 t5 t6 b1 bOR R TS Data Rec: 
Reset 
st |_| 


Power Down 


RX Compare 


TX Compare 


TXE 


D> ) 
it ar 
a 
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FIGURE 4 — MC14416 16 PIN 


aN ie) 
y 
2 ey 


4 C ae ie 
D 8-Bit Shift Reg. Q 
tl t2 t3 14 15 t6 b1bOR 


ee 

ene 

ae 

@ 
Hit 


R 


Strobe PP 
of st] | Seobe YT stobe 


i 
of 


7 
Power Down | | 
Latch 
D > . 
as. 
Cc 


em ax 


isable 


Cc 
+8. 


TX Compare 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-194 


MC14416, MC14418 


GENERAL DEVICE DESCRIPTION 


The MC14416 and MC14418 TSACs are microprocessor 
peripherals intended to be used to control and supervise per 
channel codec subscriber channel units. The TSACs consist 
of three basic functions. 


The Serially Programmable Microprocessor Port consists 
of Vcc, CLK, DI, CS and CTS for the MC14416 and further 
includes AD and A1 through A®d for the MC14418. This port 
allows the call processing microprocessor to access load 
data into each TSAC. See ihe applications section for a 
detailed description of the microprocessor port. Figure 5 
defines the data word bit assignments. 


The Supervision Controls consist of QO, Q1, Q2, R2 on the 
MC14418 and OHI, OHO and PD on the MC14416. These 
functions provide data path for the supervision and control 
of user selected requirements in the subscriber channel unit. 
Figure 3 shows some typical uses of these bits. 


The Time Slot Computation section of the chip derives 
separate transmit and receive time slot outputs (TXE and 
RXE) for the controlled codec from the bit rate clock and 
sync pins DC1, DC2, FST and FSR, respectively. The com- 
puted time slot is then derived from the information received 
through the microprocessor port. 


PIN DESCRIPTIONS 
Vcc (Positive Supply for Microprocessor Port) — If this is 
a 5-volt supply, AD, DI, CS and CLK are TTL compatible 
CMOS inputs. Vcc may be any voltage from 4.5 V to VDD 
allowing either TTL or CMOS compatibility. 


CS (Chip Select Input) — For the MC14418, the pin is us- 
ed to select a bank of TSACs. 

For the MC14416, the CS is used to select that individual 
TSAC. All CSs are normally held low. To PROGRAM A 
SPECIFIC TSAC, CS must go high prior to the first falling 
edge of CLK. CS must stay high until the selected CTS goes 
low to guarantee a valid access. 

CS is synchronous with DI, AD and CLK. CS can be asyn- 
chronous with DC1, DC2, FST or FSR. (This pin is normally 
intended to be set by a microprocessor.) 


CLK (Microprocessor Clock Input) — Serial data is entered 
through the AD and DI pins under the control of CLK. The 
data is entered on the trailing edge of CLK. CLK is syn- 
chronous with CS, AD and DI and can be asynchronous with 
the TSAC’s data clocks (DC1 or DC2). 


DI! (Serial Time Slot Data and Mode Input) — 8-bit words 
are clocked into the device through DI under the control of 
CLK after CS is brought high. The first 2 bits of DI control 
the various programming modes while the last 6 bits are time 
slot data. (See Figure 5 for the format of the Di word.) 


AD (Serial Address and Control Bits Input — MC14418 on- 
ly) — 8-bit words are clocked into the device through AD 
under the control of CLK after CS is brought high. AD words 
are loaded in parallel with the DI words. The first 3 bits of AD 
program the control bits QO, Q1, and Q2 while the last 5 bits 
are compared with the hardware address on Al through A5 
to identify a specific TSAC in a bank. (See Figure 5 for the 
format of the AD words.) 


A1-A5 (Codec Address Inputs — MC14418 only) — These 
five pins provide a unique identity for each TSAC. The TSAC 
address pins are either hardwired on the PC board or in the 
channel bank backplane. The processor loads the 5-bit ad- 
dress data into AD, and each MC14418 in the selected bank 
compares this data to the hardwired address set by its A1-A5 
to determine if the time slot data loaded into DI is intended 
for that TSAC. By this process, only one of 32 TSACs in a 
bank will accept the transmitted time slot data. Al-Ad are 
CMOS inputs, logical ‘1"°=Vpp and logical “’0’’=Vss. 


QO, Q1, Q2 (Status Bit Outputs — MC14418 Only) — 
These three bits are programmed by the first 3 bits of the 
8-bit word which is loaded into AD. The bits are used for the 
basic control functions of a line circuit. See the applications 
section (ref. Figure 11) for an example of how these status 
bits are used. In this example, Q1 selects to receive data 
streams, QO is used for the power down control, and Q2 is 
used for the ring enable. These are CMOS outputs. 


R2 (Reset Input for Q2) — The R2 input provides a direct 
reset of the Q2 output. When R2 is taken high, Q2 is set to 
“O" independent of all other TSAC functions. See the ap- 
plications section (ref Figure 11) for an example of how this 
reset bit is used, i.e., the ring trip signal is used to reset Q2 
which is the ring: enable. This combination of R2 and Q2 
allows a simple solution to the ring trip function. 


CTS (Clear to Send Output) — This output provides a sim- 
ple diagnostic capability for the processor TSAC combina- 
tion. The selected TSAC outputs the CTS signal after it has 
accepted data. This output goes low three data clock cycles 
after the next FST, and returns high on the subsequent FST. 
For the MC14418, only the TSAC which accepts transmitted 
data will respond with CTS low. All other TSACs in the bank 
will leave CTS high. The CTS output is an open drain tran- 
sistor with a weak internal pullup. Normally a bank of CTS 
outputs are wire ORed together to provide a single 
diagnostic bus, which can be used to verify that transmitted 
data was properly acknowledged by some TSAC in the bank. 

CTS may also be used to strobe additional supervision 
data into a selected channel unit, due to its dependence 
upon: the address selection logic of the MC14418. 


DC1, DC2 (Data Clock Input) — The data clock input 
establishes the bit rate of the TSAC and its associated 
codec. It is intended to be between 1.536 and 2.56 MHz and 
is the same as the codec’s bit rate clock. Both TSACs divide 
these inputs by eight to derive the time slot rate. For the 

| MC14418, DC1 provides the data rate clock for both transmit 
and receive time slot computation. The MC14416 derives 
transmit timing from DC1 and receive timing from DC2. They 
are CMOS compatible inputs. 


FST, FSR (Frame Sync Transmit and Frame Sync Receive 
Inputs) — These inputs are leading-edge sensitive syn- 
chronization pulses for establishing the position of time slot 
zero in the transmit and receive frames, respectively. 

The rising edge of DC (1 or 2) associated with the rising 
edge of FST or FSR identifies the sign bit period of time slot 
zero. See Figures 6 and 7 for detailed timing. In the 
MC14418, both zero time slots are derived from DC1 but may 
be different by an integral number of bits. In the MC14416, 
FST and DC1 derive the transmit time slot zero, while FSR 
and DC2 derive the receive time slot zero independently. 
DC1 and DC2 can be asynchronous. FSR and FST are 
CMOS inputs. . 
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TXE, RXE (Transmit Enable and Receive Enable Outputs) 
— These are the outputs of the time slot computation cir- 
cuitry. Each output is high for eight data clocks; i.e., an in- 
tegral number of time slots after the rising edge of FST and 
FSR for TXE and RXE, respectively. The binary number 
entered in the last 6 bits of the DI input indicates the number 


of eight data clock intervals (time slots) between FST or FSR 
and the eight data clock time slot, wnen TXE or RXE will be 
high. These are CMOS B series outputs which will drive one 
TTL LS input when Vpp is five volts. See Figure 6. and 
Figure 7 for detailed timing and numbering. 


' TABLE 1 — BASIC OPERATION OF MC14418 


Input Conditions 4 


TS Data | Address: 
Received | Compare 
X 


Eo 
a 
ce 
pale 


< 


| No | 
=< | Yes 
eo 
fasted 
ze 


Action to Outputs After Next FST 


Data Reg. 
TX Reg. |. RX Reg. TXE RXE 
| 1 | No_| No _| No Change | No Change | 

ci | No _| No Change | No Change | 

po | Yes 
To [Yes | No_| 
Eo 
ee 


[No | 
ey ed 
[No [No | Yes 
[No [Yes [Ne Change 


Time Slot 
Counters 


No 


| No 
No Change { No | 
Ye 


———e 


Note 1: The OHO output remains operational when TXE is disabled. 


FIGURE 5 — FORMAT FOR Di AND AD WORDS 


Results of Bit Pattern 


Assign TSAC 16 to the first time slot (TSO) for both receive and 
transmit and set its status bit to 011 

Assign TSAC 1 to time slot 8 for receive only and set status 

bits to 011 


bits to 011 
Line circuit associated with codec 2 is programmed to ring the line 
(See Fig. 13) 


MC14416 


Assign the selected TSAC to the first time slot 
and transmit and set PD=1 

Assign the selected TSAC to time slot 8 for receive only and — 
set PD=1 : 
Assign the selected TSAC to time slot 2 for transmit only and 
set PD=1 

Power down the selected TSAC, i.e., PD to "0" 


(TSO) for both receive 


. _ MC14418 — ; . | DI Word Input 
First Bit Sent First Bit Sent 
Time Slot Status 


Assign TSAC 8 to time slot 2 for transmit only and set status 
bits to 011 


AD Word Input 


*See Figures 12 and 13 for the hardware implementations using MC14418 and MC14416. 
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FIGURE 6 — DATA MULTIPLEX TIMING FOR 2.048 MHz 
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0 1 2: 3 4 
RX Data Clock Count 
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RXE Output Programmed For Time Slot 0 


TXE Output Programmed For Time Slot 1 | 
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Data Clock i 
2.048 MHz 


FST 


FSR 


RXE Output 


TXE Output 


RX Data 
(to Codec) 


TX Data i 
(from Codec) 


FIGURE 7 — DATA MULTIPLEX TIMING FOR 1.544 MHz 


TX Data Clock Count 


oO 1 2 3 4 5 6 7 
0 1 2 3 4 * 


RX Data Clock Count 


| | Programmed For Time Slot 0 


Programmed For Time Slot 1 


RX Time Slot 0 RX Time Slot 1 


190 191 192 


Frame Bit Time ke 


eee! 


RX Time Slot 2- — 
QODOORKEKEKS 
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PD (Power Down Output — MC14416 Only) — The PD 
output is normally high. It is set high whenever bO or b1 is a 
zero and the TSAC is programmed. If bO and b1 are both 
one, then PD will be set low. This output is intended to be 
used to power down other circuitry in the channel unit when 
the channel unit is idle. This is a CMOS B series output 
which will drive one TTL LS load when Vpp is five volts. 


OHI (Off Hook Input — MC14416 Only) — The OHI is a 
CMOS input with an internal pull-down resistor. A DC level 
at this pin will appear at the OHO output during the program- 
med TXE time slot. 


OHO (Off Hook Output Inverted — MC14416 Only) — 
During the programmed transmit time slot, the data at OHI 
appears inverted at OHO; otherwise OHO will be pulled high 
passively. The OHO output is an open drain N-channel tran- 
‘sistor with a weak pull-up to Vpp. A number of these out- 
puts can be wire ORed together to form a hook status bus 
consisting of a serial stream of hook information from a bank 
of channels. When the MC14416 powers down its codec, the 
TXE output is disabled; but the OHO output continues to 
multiplex out OHI and transmit time slot information during 
the previously entered transmit time slot. 


Vss — This is the most negative supply pin and digital 
ground for the package. 


VDD — This is the most positive supply. Vpp is typically 
12 V with an operation range of 5 to 16 volts. All logic out- 
puts swing the full supply voltage. 


APPLICATIONS 


The following section is intended to facilitate device 
understanding through several application examples. Includ- 
ed are Data Multiplex Timing Diagrams, a description of the 
TSAC Microprocessor port, a sample program, two circuit 
configurations using Motorola's devices, a systems drawing 
and two suggested clock circuits for obtaining codec data 
and control clocks. 

In Figures 6 and 7 are shown Data Multiplex Timing 
Diagrams for 2.048 MHz and 1.544 MHz data clocks. The 
major points to be seen from these examples are: 


1) Receive and transmit programming for the MC14418 
are bit synchronous and word asynchronous. The 
MC14416 can be completely asynchronous. 

2) The rising edges of FST and FSR initiate the pro- 
gramming frame for transmit and receive channels, 
respectively, and identify transmit and receive time 
slot ‘’0,"’ respectively. 


3) Time slots identify eight data clock words. In this ex- 
ample: the transmit time.slot is programmed as time 
slot ‘'1."" Therefore, bits 8 through 15 after FST are 
time slot 1.” 

4) For the 1.544 MHz clock, the framing bit is at the 
very end of the frame. 


TSAC Microprocessor Port (MC14418 and MC14416) — 
The MC14418 provides four pins with 5-volt micro- 
processor input characteristics. These are AD, CS, CLK, 
and DI. The input supply for these inputs is Vcc. The 
CTS output is an open drain device with a weak pull up to 


VDD. Typically, these five pins are bused in parallel to 24 or 
32 TSACs per processor port. If desired, AD, CLK, DI, and 
CTS may be bused to greater than 32 TSACs by using the 
CS input as a group select. A microprocessor port of eight 
bits can thus control four groups of 32 TSACs with no addi- 
tional decoding, as shown in Figure 8. 

In order to program any given codec to a transmit or 
receive time slot, the processor simply exercises the cor- 
responding 8-bit port. 

Beginning with CS1 to CS4 low, all TSACs in the bank 
have their data registers in the Ready for Data Mode. The 
microprocessor takes the appropriate CS nigh and ciocks in 
two bits of data into the 32 selected TSACs through DI and 
AD using CLK. The microprocessor presents data on the 
leading edge of CLK and the TSACs clock in data on the 
trailing edge of CLK. After eight CLK pulses (high, then low) 
the 32 selected TSACs will have two new 8-bit words; one in 
the data register through DI and one in the address register 
through AD. The unique TSAC, whose last 5 bits of the ad- 
dress register match its hardwired address on A1 through 
Abd, acknowledges the new data. After the next FST, the 
selected TSAC will pull CTS low. This event notifies the pro- 
cessor that its transmission has been recognized. If CTS oc- 
curs at any other time, the processor can recognize the fault 
condition and restart the transmission using the reset func- 
tion of the TSAC chip select. The uniquely selected TSAC 
will load its new program data into the appropriate TIME 
SLOT register on the next leading edge of FST. The bank of 
32 TSACs will internally reset to the Ready for Data Mode 
when the transmission is completed, after the next FST. The 
TSAC, which was uniquely selected, and which has CTS 
low, will clear CTS to the pulled-up condition with the next 
FST. The processor may now program a new time slot im- 
mediately, with or without returning the selected CS low. 
Time Slot data can thus be sent at the rate of once every 
256 psec. for 8 kHz sampling (FST). The processor need not 
operate in an interrupt mode even though the TSAC’s DC 
and CLK are asynchronous. 

The processor port of the MC14416 works similarly to the 
MC14418, but will accept data if CS is high, and daes not 
compare a hardwired address to the address word. 

Figure 11 shows the typical signal timing for programming 
the microprocessor port. 

To demonstrate the programming of the TSAC, consider 
the following configuration. A microprocessor is used to 
control four groups of thirty-two TSACs through an eight-bit 
PIA port. Four of the PIA lines are used for group select 
lines. The other four Sines are dedicated to CLK, DI, AD, and 
CTS. The TSACs are programmed by serially loading bits in- 
to the DI and AD leads. Data bits are latched on the falling 
edge of CLK. The PIA port is connected as shown in Figure 
9. The flow chart in Figure 10 and the following program il- 
justrate one method of TSAC programming. 

Before running the following program, the address, time 
slot, and group number must be entered in appropriate loca- 
tions. During execution, CS (group select), AD, and DI 
words are arranged for serial presentation to the TSACs. The 
bits are presented with CLK high and are latched in with the 
falling edge of CLK. After eight passes through the loop, the 
TSAC is programmed, and CTS falls on the third data clock 
pulse after the next FST. The program waits for CTS to go 
high again before removing CS to prevent aborting the 
TSAC’s programming. This program allows a maximum rate 
of programming equal to one TSAC per two frames. 
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FIGURE 8 — TYPICAL 8-BIT PORT 


CLK 
DI eee ee  2o Sae CaN, 
AD (GaN: f SUE: © (aE Ore Re: (| eens | ee 
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Instructions for use: 
Load in AD word (Q2, Qi, QO, A5, A4, A3, A2, Ai) 


Start routine. 


ONE 


TWO 


THREE 


START 


WAIT 


LOOP 


ISITLO 


LDAA GROUP 
DECA 

BNE ONE 
LDAB #03 
STAB SELECT 
BRA START 
DECA 

BNE TWO 
LDAB #05 
STAB SELECT 
BRA START 
DECA 

BNE THREE 
LDAB #09 
STAB SELECT 
BRA START 
LDAB #11 
STAB SELECT 
LDAA #00 
STAA CONTRLB 
LDAA #7F 
STAA DDRB 
LDAA #04 
STAA CONTRLB 
LDAB #80 
BITB PIAOUT 
BEQ WAIT 
LDAA #01 
STAA PIAOUT 
LDAA #08 
STAA COUNTER 
LDX 00 

STX 02 

LDAA SELECT 
STAA PIAOUT 
LDAA SELECT 
ROL 0002 

BCC 02 

ORAA 20 

ROL 0003 

BCC 02 

ORAA 40 
STAA PIAOUT 
DECA 

NOP 

NOP 

STAA PIAOUT 
DEC COUNTER 
BNE LOOP 
LDAB #80 
BITB PIAOUT 
BNE ISITLO 
CLR PIAOUT 
RTS 


DI word (b0, b1, t6, td, t4, t3, t2, t1) 
group word 


STORE GROUP # IN ACCA. 

CHECK IF EQ. TO ONE 

IF NOT GO TO NEXT TEST 

EQUALS ONE 

LOAD PROPER SELECT BITS IN SELECT WORD 
JUMP TO NEXT PART 

1S GROUP EQ. TO TWO? 

IF NOT GO TO NEXT TEST 

LOAD PROPER SELECT BITS IN SELECT WORD 


_ JUMP TO NEXT PART 


CHECK IF EQ. TO THREE 
IF NOT IS EQ. TO FOUR 
LOAD PROPER SELECT BITS IN SELECT WORD 


JUMP TO NEXT PART 
LOAD GROUP SELECT BITS FOR GROUP FOUR 


INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
TEST FOR CTS HIGH 
WAIT FOR CTS HIGH 


NOW CTS IS HIGH, SET CLK HI AND LEAVE CS LOW 
INITIALIZE LAP COUNTER 


MOVE AD AND DI INPUTS 
TO SHIFT LOCATIONS 
BRING CS HIGH 


START BIT STUFFING 

CHECK AD WORD 

CHECK AD WORD 

CHECK AD WORD 

CHECK DI WORD 

CHECK DI WORD 

CHECK Di WORD 

WRITE BITS TO TSAC 

WRITE FALLING EDGE OF CLK 
WRITE FALLING EDGE OF CLK 
WRITE FALLING EDGE OF CLK 
WRITE FALLING EDGE OF CLK 
DECREMENT LAP COUNTER 
TEST FOR LOOP COMPLETION 
TEST AND WAIT FOR CTS LOW 
TEST AND WAIT FOR CTS LOW 
TEST AND WAIT FOR CTS LOW 
REMOVE CS (GROUP SELECT) 
RETURN FROM SUBROUTINE 
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FIGURE 11 — MICROPROCESSOR PORT TIMING 


DCI 
NOTE: The FST pulse may safely occur within a data loading sequence. 


FST 


NOTE: CLK is independent of DC1 and DC2. 


cuK L/L/A J. | [TILL LLL LLL ELL 
— MILIEU 


cs 


NOTE: For Valid Programming, CS must stay high until CTS goes low. : 


01 L/LLLLLX_°9_} (3) CITT EL 


idcianeon, LLG (20) CITTILITITTILIITIL LTTE EALILTTILTETLEETTLTELLTL. 


= CT 
PD (MC14416 Only) 
Q0-Q2 (MC14418 Only) 


NOTE: For the MC14416, the CTS line is pulled low by the device selected by the CS pin. 
For the MC14418, the CTS line is pulled low by the device whose address matches the data loaded in through the AD pin. 
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Hook Status 


Analog Gnd 
Analog Out 


Analog In 


FIGURE 12 — TYPICAL CIRCUIT CONFIGURATION USING MC14416 
IN CONJUNCTION WITH MC14400 
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+12V 
+5V 
Rcv Data 
Rev Clock 


Rev Sync 


Micro Port 


Hook Status 


Tx Sync 


Tx Clock 


Tx Data 
Gnd 


02-2 
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FIGURE 13 — A COMPLETE SINGLE PARTY CHANNEL UNIT USING 
MC3419 SLIC, MC14403 PCM MONO-CIRCUIT, MC14418 TSAC 
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FIGURE 14 — CLOCK CIRCUIT AND TIMING 
2.048 MHz FOR CODEC DATA CLOCKS AT 2.048 MHz 


% MC14520 


E QO Qi Q2 Q3 
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FIGURE 15 — CLOCK CIRCUIT AND TIMING 
FOR CODEC DATA CLOCKS AT 1.544 MHz — 
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TECHNICAL DATA 


BASIC TIME SLOT ASSIGNER CIRCUIT (TSAC) 


The MC14417 is a per channel Time Slot Assigner Circuit (TSAC) that 
produces 8-bit receive and transmit time slots for a PCM Codec. The 
pins DO to Dd are the time slot data inputs which can be either hard- 
wired on the printed circuit board for fixed time siot assignment, or ex- 
ternally programmed through the use of these pins and the latch enable 
function. The receive and transmit frame syncs and enables are in- 
dependent. In addition, a T/R (TXE/RXE swap) input is provided which 
allows a simplified switching mechanism for a small systems architec- 
ture (i.e., key systems). 

The MC14417 can operate from a single 5-volt supply for TTL levels 
or up to 16-volts for CMOS levels. The MC14417 is fabricated using the 
CMOS technology for reliable low-power performance. 


@ TTLand CMOS Level Compatibility 

5 to 16 Volt Operation 

Low Operating Power Consumption 

For Use With Up to 2.56 MHz Clocks 

Independent Transmit and Receive Frame Syncs and Enables 
Up to 64 Time Slots Per Frame 

Compatible with MC14400/01/02/03/05 PCM Mono-Circuits 


Allows Swapping of Transmit Enable (TXE) and Receive Enable 
(RXE) Signals 


CMOS Metal Gate for High Reliability 


BLOCK DIAGRAM 


aor ae nara 
nae i 
Seals 

BRoe 


Sanaa 
Ealeleladle a 
OP Gah i eas oe 
i eae 4 


Ne ee 


fe] 
Gg Ee) fi 
2 3 4 5 6 7 12 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


TSAC 
TIME SLOT ASSIGNER 
CIRCUIT 


L SUFFIX 
CERAMIC PACKAGE 
CASE 726 


P SUFFIX 
PLASTIC PACKAGE 
CASE 707 


ORDERING INFORMATION 


Suffix Denotes 
ku Ceramic Package 


P Plastic Package 


MC14XXX 


PIN ASSIGNMENT 


This device contains circuitry to protect the in- 
puts against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid application of 
any voltage higher than maximum rated voltages 
to this high-impedance circuit. For proper opera- 
tion it is recommended that Vin and Voyt be con- - 
strained to the range Vsss(Vjn_ or 
Vout) S$ VDD. 

Unused inputs must always be tied to an ap- 
propriate logic voltage level (e.g., either Vss or 
Vpp). 
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MAXIMUM RATINGS (Voltages referenced to Vss) 


= Tb 
DC Supply Voltage . | —0.5 to 18 


Level Shift Voltage — —0.5 to Vpp 


Input Voltage 
Inputs Referenced to Vpp 


=0.5 to Vpp + 0.5 
- toVcc 


—0.5 to VpD+0.5 


DC Current Drain per Pin | (ae an a 
Operating Temperature Range 
Storage Temperature Range | | 
ELECTRICAL CHARACTERISTICS (Tp = 25°C) - | | 


DC Supply Voltage, Vgg=0V: 


: » } Output Current TXE, RXE, ST . 
“|. (VoL =0.4 V) 
(VoL =1.0 V) 
(VOH =4.6 V) 
(VOH = 11.0 V) 
Input Voltage (CMOS) FST, FSR, DC1, DC2, NDC 


Input Voltage (TTL) DO-D5, LE, T/R, Vcc =5V 


Characteristic 


Output Rise Time, TXE, RXE, ST | 
- ; abc 2 


Output Fall Time, TXE, RXE, ST | 
2 
Frame S| nc Setup Time (See Figure 1) 5 


Frame Sync Pulse Width 


Propagation Delay (Note 1) DC1 to TXE, DC2 to RXE, Ci =20 pF 
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FIGURE 1 — TIMING DIAGRAMS 


DC 


'SFS 


tPWFS 


FST, FSR 


ny 


TXE, RXE 


SAIN 


NOTE: No restriction on falling edge. 


PIN DESCRIPTIONS 


Vcc (Positive Supply) — The Vcc power supply controls 
the inputs LE, DO-D5 and T/R. It can be supplied by any 
voltage from 4.5 to Vpp. In typical usage, V¢c is 5 volts for 
TTL or microprocessor compatibility of the control inputs to 
the TSAC while Vpp and Vssg are connected to the Codec 
supplies. 


D5-D0 (Parallel Time Slot Data Inputs) — The six inputs to 
the input-storage latch are the time-slot data. DO is the least- 
significant bit while D5 is the most-significant. The binary 
word at this input represents the number of 8 bit time slots 
from FST and FSR where TXE and RXE will occur, respec- 
tively. These can be 5-volt input compatible with TTL and are 
internally level shifted to the Vpp supply. 


LE (Latch Enable Input with Internal Pull-Up) — This input 
allows the data DO through D5 and T/R bits to be latched in 
the input-storage latch. If LE is held high, then the inputs to 
the latch are combinational and directly applied to the com- 
pare circuits. When LE is pulled low, the input values applied 
at DO through D5 and T/R are latched and held in the storage 
latch. 


T/R (TXE/RXE Swap Input with Internal Pull-Up) — This 
input allows the TXE and RXE inputs to be swapped. When 
T/R is a one, the TXE output is derived from FST and RXE 
from FSR. If T/R is a zero, the derivation is reversed. If FST 
and FSR are eight data clocks apart, then two TSAC chan- 
nels programmed to the same DO through D5 and different 
T/R bits will create a completed conversation. This feature is 
intended for use in simplifying small-key systems. 


DC (Data Clock Input) — The data clock input establishes 
the bit rate for the TSAC. This is typically 1.544 or 
2.048 MHz but can be any frequency up to 2.56 MHz. The 
data clock is divide-by-8 for both transmit- and receive-time 
slots. The data clock input is a CMOS compatible input be- 
tween Vpp and Vss. 


FST (Frame Sync Transmit Input) — This input identifies 
the beginning of the zero-transmit time slot by resetting the 
divide-by-8 and divide-by-64 counters. FST is a CMOS com- 
patible input between Vpp and Vss. The TXE output will 
begin and end on one 8-bit word boundary which is syn- 
chronized with the FST input. The FST signal should be 
aligned with the leading edge of data clock and is typically 
8 kHz. 


FSR (Frame Sync Receive Input) — The FSR input pro- 
vides the same functions for the RXE output as FST did for 
TXE. The FSR and FST inputs can be any number of data 
clocks different, or can be the same. 


TXE, RXE (Transmit-Enable and Receive-Enable 
Outputs) — These outputs are used to control the transmit- 
ting and receiving of data words to and from Codecs. Each 
output swings from Vpp to Vss and is eight data clocks 
long. TXE and RXE go high at. the beginning of the pro- 
grammed time slot and low at the end. TXE is derived from 
FST and RXE is derived from FSR, provided the T/R bit is 
high. 


ST (Strobe Output) — The strobe output is provided to 
allow simplified input data storage or off-hook multiplexing 
control. ST is the logical AND of an enable signal (NDC) and 
the TXE time slot period. Thus, ST can only be high during a 
programmed TXE time slot. Since no other TSAC in a bank 
can have the same TXE programming, the ST output on any 
TSAC can be used to uniquely identify that TSAC by a pulse 
input on NDC. In many applications ST is used to control the 
LE input. 


NDC (New Data Clock Input with Internal Pull-Up) — This 
input can be used in conjunction with ST to strobe data into 
a TSAC bank. NDC can be used to enable the strobe output. 


Vpp. Vss — The TSAC will operate from any single sup- 
ply from 4.5 to 16 volts. The TSAC can be used in a 5-volt- 
only system by making both Vcc and Vpp 5 volts. 
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FIGURE 2 — MOTOROLA MONO-CIRCUIT/TSAC COMBINATIONS 


+5 
Rev Data 
Rev Sync 
Data Clock 
MC14401 
Analog Gnd DO 
Analog Out D1 
D2 Time 
Slot 
Analog In D3 Data 
D4 
D5 
Latch 
Tx Data 
Tx Sync 
Gnd 
-—5V 


The MC14417 TSAC offers simple flexible time slot assignment for 
the PCM mono-circuit. Assignments are wired or latched into 

the data port. The MC14401 offers supply flexibility of +5, +6, +12, 
or + 10 V with 18 pin packages and TTL compatibility. 
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2-OF-8 KEYPAD-TO-BINARY ENCODER 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


The MC14419 is designed for phone dialer system applications, but 
finds many applications as a keypad-to-binary encoder. The device con- 
tains a 2-of-8 to binary encoder, a strobe generator, and an illegal state 
detector. The encoder has four row inputs and four column inputs, and 2-OF-8 KEYPAD-TO-BINARY 
is designed to accept inputs from 16 keyswitches arranged in a 4x4 
matrix. For an output on the four data lines, one and only one row along ENCODER 
with one and only one column input line must be activated. All other 
combinations are suppressed by the illegal state detector to eliminate 
false data output. 

The strobe generator produces a strobe pulse when any of the 10 
keys corresponding to numerals 0 through 9 are depressed. The strobe 
output can be used to eliminate erroneous data entry due to contact 
bounce. For a strobe output to occur, the key row and column input 
lines must remain stable for 80 clock pulses after activation. When the 
contact bounce has settled and 80 clock pulses have occurred, the out- 
put will be a single strobe pulse equal in width to that of the clock low 

state. The strobe generator will output one and only one pulse each L SUFFIX P SUFFIX 
time a numerical key is depressed. After the pulse has occurred, noise CERAMIC PACKAGE PLASTIC PACKAGE 
and bounce due to contact break will not cause another strobe pulse. 
With a 16 kHz input clock frequency, the pulse occurs 5 ms after the last 
bounce. 


CASE 620 CASE 648 


@ Suppressed Output for Illegal Input Codes ORDERING INFORMATION 

@ On-Chip Pullup Resistors for Row and Column Inputs 

@ Clock Input Conditioning Circuit 

@ Low Current Drain in Standby Mode 
5.0uA Typical @ 5.0 Vde | Suffix Denotes 

@ Subsystem Complement to the MC14408/14409 Phone L= Ceramic 
Pulse Converter P= Plastic 

@ Codes for Numbers 0-9 Produce a Strobe Pulse 

@ One Key Rollover Feature 


MC14XXX_ 


PIN ASSIGNMENT 


BLOCK DIAGRAM 


Row O 15 Clock 


Inputs 


BCD Strobe 
Detector Generator 
Cotumn 
Inputs 
O 14 Strobe 


This device contains circuitry to protect 
the inputs against damage due to high static 
voltages or electric fields; however, it is 

‘ advised that normal precautions be taken 
Enesde: Oasis to avoid application of any voitage higher 
iG Outputs than maximum rated voltages to this high 
Hlegal 2 impedance circuit. For proper operation it 
Code is recommended that Vin and Voy be 
Detector constrain < ; 
ee Sine Strained to the range Vss < (Vin or 


Vss ~ Pin8 Vout) < VoD. 
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MAXIMUM RATINGS (Voltages referenced to Vgg, Pin 8.) 


|OC Supply Voltage Supply Voltage De Svooty Vonewe__{ oo} +6.0 to -0. 5 <— 


input vee All Inputs Vin Voo * + 0.5 
oe “0.5 


‘Operating Temperature Range cee -40 to +85 . fT eaGe 
Storage Temperature Range -65 to +150 


ELECTRICAL CHARACTERISTICS | 


Vop |___-40°c_| 
Vde | Min_| 


Output Voltage “O"" Level 
| “1 Level 


Noise Immunity 
(4Vout < 0.8 Vde) 

Output Drive Current 
(VoH = 2.5 Vde) Source 
(Vo_ =0.4 Vde) Sink 

Input Leakage Current 
(Vin = Vop) 

Pullup Resistor Source Current. 
(Row and Column Inputs) 
(Vin = Vss) 

Input Capacitance 
(Vin = Vss) 

Standby Supply Current 
(folock = 16 kHz, No Keys 

Depressed) 

Standby Supply Current as a lpps = 0.09 vA/kHz + 3.0 uA 
Function of Clock Frequency * 
(No Keys Depressed) 


*The formula given is for the typical characteristics only. 


SWITCHING CHARACTERISTICS (c, = 50 pF, Ta = 25°C) 
Characteristic 
Output Rise and Fall Times, D1 thru D4 (Figure 1) 


Propagation Delay Time, Row or Column Input to 
Data Output (Figure 1) 


Clock Pulse Frequency Range 


FIGURE 1 — SWITCHING TIME WAVEFORMS FIGURE 2 — TYPICAL STROBE PULSE DELAY TIMES 


PRE tst* 
Row or Clock Frequency | Strobe Pulse Delay Time 


Column 


*ts7 = (1/PRF) @ 80, with PRF in kHz, toy in ms. 
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FIGURE 3 — STROBE GENERATOR TIMING DIAGRAM 


Contact ; Contact 
Make Noise Break 
Bounce Spike Bounce 


Row or ; 
Column 


Input 


Strobe Generator 80 Clock 
Output Pulses : 


**PWo7T = Strobe Pulse Width = Low State Clock Pulse Width (PW, ). 


TRUTH TABLE 


Key** | R4 R3 R2R1 | C4 C3 C2 C1 D4 D3 D2 D1 | Strobe 


1 #4 #1 =~0 7 #1 


Bs 


OOO OO] = =a a] a a a oa] a= a 
- = = 21000 0j2 2 2 2]~ = = 
BF Bt ew fe eSB mw (10 OO Of] = = 
Se ew ef em Bm ew ef em mw mw = 1/100 0 
- O 2 =aj] 0 = =|= O = =|= O = 
- = O -{[] 20 2f/-2 2 0 -f-2 = 0 
- =| = O}] - - = OJ] - —- = OF = = = oO 
-=-oO-/2--+--0/-c00l-c000 


bh 


Cj-2ao0od]]oo0 =] = =~ =J|- 0 CoO 
OoOj-n-/-0qo010/+2?] 021-0010 = Oo = 


oO 


All Other Combinations. | 00 0 0 | 


**See Figure 4 for keypad designation. 
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FIGURE 4 — TYPICAL KEYPAD INTERFACE APPLICATION 


Keypad with DPST 
N.O. Switches 4x4 Keypad 15 


Column 


Vss MC14419 


Keypad with SPST 
~ N.O. Switches 


Column 
Row 
Common 
Vss 
FIGURE 5 — PHONE DIALER SYSTEM 
— mc14419 | | MC 14408, MC14409° 
2-of-8 Keypad-to-Binary Encoder | Binary -toPhone Pulse Converter 
fork = 16 kHz | L=5mH 
C2 
0.04 
MF 
~ Vss 
10 
Row .20 O11 Outpulsing 
Inputs 30 
From 40 
Keypad 50 
Column 60 O12 i aoe 
Inputs 70 utput 
90 
Hold 9 0 
Call Request 13 O 
Vpp = Pin 16 MC14408/409 Re-Dial 10 O Vop = Pin 16 
Vsg = Pin 8 Control Inputs Vss =Pin 8 


Make-Break Ratio 15 ©O 


*Between each digit 
pulsetrain, MC14408 
DRO stays high, 

MC 14409 DRO goes tow 


| 
| 
| 
| Interdigit Time 14 O 
| 
| 
| 
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Product Preview 
SUBSCRIBER LOOP 


SUBSCRIBER LOOP INTERFACE CIRCUIT INTERFACE CIRCUIT 


The MC33120 is designed to provide the interface between the (SLIC) 
4-wire side of a central office, or PBX, and the 2-wire subscriber 
; : : ; THIN FILM 
line. Interface functions include battery feed, proper loop termi- 

: : : ; ; . SILICON MONOLITHIC 
nation AC impedance, hookswitch detection, adjustable transmit, | | 
: : . : INTEGRATED CIRCUIT 
receive and transhybrid gains, ground key and single/double fault 
indication. Additionally, the MC33120 provides a minimum of 
58 dB of longitudinal balance. 

The transmit and receive signals are referenced to analog 
ground (VAG), easing the interface to codecs, filters, etc. The two 
Status outputs (Hook Status and Faults) and the Power Down 
Input are TTL and CMOS compatible. The Power Down Input per- 
mits local control of the circuit. 

Internal drivers allow the external loop current pass transistors 
to be standard bipolar transistors (non-Darlington). 

The MC33120 will be available in both a 20-pin DIP and a 20- P SUFFIX 


: PLASTIC PACKAGE 
pin surface mount (SOIC) package. CASE 738-03 


58 dB Longitudinal Balance (Minimum) 

Transmit, Receive, and Transhybrid Gains Externally 
Adjustable 

Proper Hook Switch Detection with 30 kQ Leakage 

Single and Double Fault Indication 

Critical Sense Resistors Included Internally 

Standard Power Supplies: — 48 to — 22 Volts, and +5.0 Volts, 


+10% | DW SUFFIX 
Internal Drivers for External Pass Transistors PLASTIC PACKAGE 


Power Down Input CASE 751D-03 
Available in 20-Pin DIP and 20-Pin SOIC Plastic Packages 


Operating Ambient Temperature: —40 to +85°C 


Current 
Mirror 


Hook Status and a 


Fault Detection | 
& Bias Control 


Current 
Mirror 


*Indicates Trimmed Resistor 


This document contains information on a product under development. Motorola reserves the right to change or discontinue this product without notice. 
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ABSOLUTE MAXIMUM RATINGS 


Vpp Supply Voltage (w/respect to VpG) 


Input Voltage at PDI (w/respect to Voc) —0.5, +7.0 


Vcc to Veg Vdc 


Devices should not be operated at these values. The “Recommended Operating Limits” provide 
for actual device operation. 


RECOMMENDED OPERATING LIMITS 


Vpp Voltage (w/respect to Vcc and Vac) 


All limits are not necessarily functional concurrently. 


DC ELECTRICAL CHARACTERISTICS (Ta = 25°C, Veg = —48V, Vpp = +5.0 V, unless noted, See Figure 1, VaG = VpG = Vcc) 
Parameter | 


On-Hook Supply Current (RL > 10 MQ) 
leE @ Veg = —56 Volts 
IDp @ Vpp = +8.5 Volts 


= 
< 
G 


Off-Hook Supply Current (Includes loop current, Ri = 0) 
lEE @ VEE = —56 Volts 
Ipp @ Vpp = +5.5 Volts 


Loop Resistance On-Hook Threshold - 


NO 
~w 
zI|x 
~ | 


> 


> > 
Q 
?) 


—100 pA) 
1.0 mA) 


ST1 Output Voltage — High (| = —100 nA) 
— Low (I = 1.0 mA) 


VAG [nput Current . 


TXO Offset Voltage (w/respect to Vac) 


TXO Output Current 


< 
a 
rs) 


ST2 Output Voltage — High (I 
— Low (I 


< 
Qa 
re) 
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AC ELECTRICAL CHARACTERISTICS (Ta = 25°C, VeE = —48V,Vpp = +5.0 V, f = 1.0 kHz, see Figure 1, VAG = VpG = Vcc) 
Parameter 


2-Wire Longitudinal Impedance (Tip to Ground, Ring to Ground) (Rs = 6.8 k) 
Power Supply Rejection Ratio (VTxO/VEE, Cag = 10 uF) 
Power Supply Rejection Ratio (VTxOQ/Vpp. Cag = 10 uF) 


Transmit Voltage Gain (VTx/VL) 
Receive Voltage Gain (Vi /Vpx) 


2-Wire Longitudinal Balance @ 300 Hz (Vtjp — VRING/VLONG) 
@ 1.0 kHz 
@ 3000 Hz 


4-Wire Longitudinal Balance @ 300 Hz (VTxs/VLONG) 
@ 1.0 kHz 
@ 3000 Hz 


Idle Channel Noise @ TXO (w/C-message Filter) 


Idle Channel Noise @ Tip/Ring (w/C-message Filter) 
PIN DESCRIPTION 


Description 


Connect te system ground. Carries all loop current and some bias current. 


Vcc 
Vpp Connect to +5.0 volt, + 10% supply. . . 
VEE Connect to negative supply (—58 to — 22 volts, typically — 48 volts). 
CP, BP, EP Connect to external PNP transistor which passes loop current to TIP. 
TSI, RSI Sense inputs. Connect to external sense resistors to TIP and RING. 
-EN, BN, CN Connect to external NPN transistor which passes loop current from RING. 

VDG Ground pin for the digital section (normally connected to Vcc). 

PDI/ST2 A Power Down Input, AND a Status output. Used with ST1 to indicate hook status and 


single/double faults. TTL/CMOS compatible. 
Status Output. Used with ST2 to indicate hook status and single/double faults. TTL/CMOS 
compatible. 


ST1 


VAG System AC signal ground (normally connected to Vcc). 
RXl Receive signal current input. Return loss network connects between here and TXO. 
TXO Transmit voltage signal output (to a Codec/filter). 
RFO Connect to external resistor to set the current limit value. 
CF Connect to external capacitor to filter AC from the DC feed circuit. 


VaB Quiet Battery. Filtering this pin will reduce power supply noise at the speech paths. 
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FIGURE 1 — TEST CIRCUIT 


O +5.0 Volts 
PDI/ST2 


 Irx\ 
qe 


RRX 
Receive In 
6.2 k 


Transmit Out 
{(VTxo) 


-48 VO 


L Ccr (1.0 wF) 
B 


LT Cop (10 uF) 
FIGURE 2 — APPLICATION CIRCUIT 
20 
O +5.0 Volts 
= 19 PDI/ST2 
co. MPS6729 18 ST1 
100 100 . 17 
gil a VEE 
up * 68k VEE 16 
RRX 30.6 k 


Receive In (Vpx) 


RTX2 30k 


Transmit Out 
RTX1 10k 1.0 pF 


(VTx) 
-—48 VO 
* = 1N4007 


T Ccr (1.0 uF) 


ae Cap (10 uF) 
Component values shown for a 600 2 system. 
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FIGURE 3 — AC TERMINATING IMPEDANCE AND 
SOURCE IMPEDANCE (Zac) 


ry 
ae fd Oe 
Zac} ; 
2 |91 
it 
Tip uly 
a 
VL 
i] 
see ry 
Ring 
Zac ! 
2 '9 4 
Vy 
an 
I} 
1} 4 
iJ 
c lA = IRXI 
Note: == AC represents an AC virtual ground, not an actual ground — For 600 9 systems, RRO = 20.4 k0; for 900 2 systems, RRO = 30.6 
connection. . . kQ. 
The circuit creates a synthesized impedance (Zac/2) from Tip to Vcc, — For more precise determination of Zac, consider the following: 
and from Ring to Vp as follows: 1) The effects of CRO in determining ipx; (Zac increases as the 
— An incoming signal (VL) produces a differential voltage at CP and frequency is decreased). 
CN, which produces a signal of V,/3 at TXO. 2) The RS resistors at pins 5 & 16 (not shown above, see Figure 2) 
— The signal at TXO creates a current IRxj through RRO (pin 10 is a which are in parallel with the Zac/2 resistors shown above; 
virtual ground). 3) The voltage divider effect of the 100 9 and 27 kO resistors. 


— IpRxt is gained up by a factor of 102 to produce the I, to Tip & Ring. 
— Zac (defined as V{/IL) is therefore determined by RRO, and is equal 
to RRO/34 (first order). 


FIGURE 4 — RECEIVE GAIN (Gpx) 


IA = IRxI 
Receive Gain (voltage gain from Vpx to V_) is calculated as follows: — To obtain Grx = 0 dB, set RRX = 51 Rac (for the case where Rac 
— RXI (pin 10) is a virtual ground, Rac is the AC impedance of the load = Zac). 
(typically 600 2 or 900 2). .. RRX = 30.6 kf for 600 N systems, 45.9 kO for 900 0 systems. 
— I_ = 102 x IRxX) = 102 x (IR — ITxQ) — The AC source impedance to Tip and Ring of the above circuit is 
— IR = Vrx/RRX, and V - Zac. - bb 
a bas _ L — For more precise determination of the receive gain, consider the 
ITxo = VTxXO/RRO 3 x RRO following: 
Ee: Mi Gaye 102x Rac. (fist ordei) 1) Ais edad add a determining Itxo (GrRx increases as fre 
VRX 34 Rac See , 
RRX (1 + ) 2) The RS resistors at pins 5 & 16 (not shown above, see Figure 2) 
RRO each of which are in parallel with half of the Zac term. 
— Since Zac = RRO/34 (see Figure 3) GRx = __102 x Rac 3) The voltage divider effect of the 100 and 27 kO resistors. 
( =| 
RRX | 1+ =—— 
Zac 
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FIGURE 5 — TRANSMIT GAIN (Gr x) 


= MC33120 
Transmit Gain (voltage gain from V;_ to VT x) is calculated as follows: — The terminating impedance to the source voltage (V;) is Zac (see 
_ YX _ ae fi d Figure 3). 
vu ~ RIX, x3 (first order) — For a more precise determination of the transmit gain, consider the 
following: 


—~ For 0 dB gain, make Rtx2 = 3 RTX1 : ee 
— TXO (pin 11) can source and sink 500 pA. ) bbiriolinse ela ts ae of the op amp (GT will increase 


— CTX can be used to set low frequency roll-off. ie : 
— The op amp may be part of a codec/filter. 2) The voltage divider effect of the 100 © and 27 kO resistors. 


FIGURE 6 — LONGITUDINAL IMPEDANCE (Zcyy) 


MPS6729 —_BP}18 


_ Common 
Mode 
Detector 
& 
plifier 


00 
VOB Am 


VLONG 
MC33120 


— The longitudinal impedance, defined as VLONG/ILONG- is 
determined by Rg according to: ZLONG = “s 
— For Rg = 68k, ZioNG = 1440. 


FIGURE 7 — CALCULATION OF THE BALANCE NETWORK 
(RB) FOR PROPER TRANSHYBRID LOSS 
METHOD A 


— The appropriate part of the circuit is modeled as follows: 


a VTX 
VTxO  !Tx1 
Ring 

Given: . . | For the case where Z, is purely resistive the above equations reduce 
-_ 2 eS bg AC load impedance. Zac was previously calculated (see to: ae RX x RTX1 
— IRx = VRx/RRX; Ig = Vrx/RB 34 x [Zac/Z,] 
— Vtxo = VL/3; Itx1_= VTxO/RTX1 = V/A3 x RTX1) — Since Z, is rarely purely resistive, a phase shift results between Vpx 
try, = —02 IX x Zacx Zp 102 x VR x Zac x 2 and VTx0, which requires that RB be a complex network which 

VS [Zac + Z}]x3xRTX1 | RRX x [Zac + Zj] x 3x RTX1 creates a comparable phase shift for Ip. The following method is a 


fairly direct and simple way to design a balance network, but requires 


— Good transhybrid loss requires that Ip = Itx 7 in both Cee more external components than Method B. 


and phase at node “ 
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FIGURE 8 — CALCULATION OF THE BALANCE NETWORK 


METHOD A 
— First, the Model in Figure 7 is changed to: 


Tip 


— The current source model of Figure 7 is replaced with the Thevenin 
equivalent voltage source. Vs is equal to [102 x IpRx x Zac]. 

— RBis replaced with two series resistors (RB1 and RB2), and a network 
(ZL) which is identical in configuration and component values to the 
load 2. 

— RB1 is set equal to Zac (calculated in Figure 3). This creates a phase 
shift at node equal to the phase shift at Vi_ (with respect to Vpx), 
and consequently at VTxo. 


(RB) FOR PROPER TRANSHYBRID LOSS — Continued 


— RB2 is then selected to provide the proper magnitude for Ip, and is 
calculated from: 
RB? = RRX x RTX1 


34 x Zac 
— If Zac had been intentionally made complex, RB1 and RB2 must also 
be complex. 


FIGURE 9 — CALCULATION OF THE BALANCE NETWORK 


METHOD B (EXAMPLE A) 


— The following model is used: 


— The following generalized model is used for Z,: 


C1 _ 2 
ss 7, =f! j (w C1 R12) 
[1 + (w C1 R1)2] 


— At this point, it is beneficial to calculate the magnitude for Z,, and 
the phase angle (6,.) with respect to Vpx, at a frequency of interest 
(usually 1.0 kHz), and use these calculated values in subsequent 


equations. 
jar? + c C1 ar ]2 


[1 + (w C1 R1)2) 


— The phase angle across Z; with respect to Vpx is created by Z;’s 
reactive component in conjunction with Zac. The phase angle is 
calculated by: 


Z_ (mag) = 


2 
Oa = |Ten-" w C1 ri - |Tan-" OSS Bet 


Zac [1 + (w C1 R1)2] + R1 


— Inthe RB network (RB1, RB2, CB1), Ig is equal to: 


Oe eee: eee 
(RB1 + RB2) + j (# CB1 RB1 RB2) 
-—— As shown in Method A, ITx 1 is equal to: 


_ __ VRx x 34x Z, x Zac 
TX1 © RTX1 x RRX x (Zac + ZL) 


(RB) FOR PROPER TRANSHYBRID LOSS 


— Good transhybrid loss requires that lp = ITx1 in both magnitude 
and phase at node @. 
(Note: The values of 6 and Z; (mag) calculate above, and the value 
of w used in those calculations must be used in the remaining 


equations): 
Vv 
Ip (mag) = SS Kh; 
(RB1 + RB2)” + (w CB1 RB1 RB2) 
ia ipesel ven = fans ee Sy 


(RB1 + RB2) 


RTX1 x RRX x (Zac + Z,) 
Therefore V(RB1 + RB2)2 + (w CB1 RB1 RB2)2 = ~ 34xZ,xZac 


— To facilitate the remaining equations, the condition (C1 x R1) = (CB1 
x RB2) is arbitrarily set. 
— Combining the above equations yields: 


Sais (a x RRX x (Zac + 211) ( Tan 6 ) 
34 x Z, x Zac x (w C1 R1)/ \V1 + Tan2@, 


RB2 = (eo er) — RBI 
. Tan oy 


C1xR1 


CB1 = 
RB2 
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FIGURE 10 — CALCULATION OF THE BALANCE NETWORK 
(RB) FOR PROPER TRANSHYBRID LOSS 


METHOD B (EXAMPLE B): 


performance in this case, a resistor (RB3) must be added in series 
— For the case where the load Z|. has the following form: with CB1. This adds a zero to |p’s frequency response, thereby 


matching Z,’s frequency response. 
_ R1+ R2[1 + (w C1 R12] — j (w C1 R12) 
st + (@CtR2))C™ 


— The following equations are used to calculate Zi (mag) and 96. 


C1 x R1 x R2 


RB3 = GBrx (RI + R2) 


VTX 


lpr + R2(1+(wC1 anya 2 af te C1 ni2) 2 


ZL (mag) = [1 + (w C1 R1)2] 


Pee eee (w C1 R12) a [Tan-* (w C1 R12) | 
L R1 + R2[1+(w C1 R1)2] R1 + (R2 + Zacll1 + (w C1 R1)2] 


— The four components calculated above will yield good results for 

transhybrid loss. However, some minor adjustments to the com- 

— The same equations shown in Example A for RB1, RB2, and CB1 can ponent values can generally improve the loss by several dB. Gen- 
be used to calculate those component values. This will generally erally, adjustments for maximum loss should ‘be made in the fol- 
yield good results at the frequency used in the above calculations, lowing sequence: RB2, and then CB1 at the prime frequency or 
but will degrade at other frequencies. To obtain more consistent interest, and then RB3 at other frequencies. 


FIGURE 11 — LOGIC INTERFACE (HOOK STATUS, FAULT 
INDICATIONS, POWER DOWN CONTROL) 


To Loop 
Current 
Drivers 


Status 2 


Circuit Power Down 
Control 
Input 


Re 


Status 1 


—48 VQ 
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TRUTH TABLE: 


Fault | Outputs | 
i 


Detection T1 Circuit Condition 
On Hook | No Fault Hi 


Off-On Hook On-Off Hook 
Threshold Threshold 


Lo |Internally powered down 
Off Hook | No Fault Lo | Hi | Powered up 


On Hook | Fault Lo | Lo |Internally powered down 


NOTE: RS does not significantly affect the Off-On Hook threshold, nor 
Off Hook | Fault Lo | Lo | Internally powered down does RRF significantly affect the On-Off Hook threshold. 


— On-hook and off-hook conditions are determined by the thresholds — Fault conditions are nominally defined as (RS = 6.8 k): 
listed in the specifications. 1) On-hook 

— Ithecondition where S11 = ST2 = Himay occur momentarily during 
the transition from off-hook to on-hook. 

— The capacitor at ST2 prevents incorrect transitions during excessive 
longitudinal signals 


a) <3.0 kf between Ring and Vcc (no hysteresis); 

b) <4.5 kQ between Tip and Veg (no hysteresis); 

c) Both a) and b) simultaneously. 

d) Tip to Vcc and/or Ring to Veg are not detected as faults while 


— Pin 12 (PDI/ST2) is both an input and output. As an output, it is used the MC33120 is on-hook. 
in conjunction with ST1 to indicate Hook status and faults. As an 2) Off-hook (Ry = 600 ): 
input, it may be taken low with a transistor (as shown) or an open- a) <60 © between Tip and Vcc (resets at ~2.0 kQ); 
collector output to deny loop current to the subscriber. ST1 will still. b) <400 © btween Tip and V¢g (resets at ~4.7 kQ); 


indicate hook status. 
— Resistors RRF (see Figure 12) and RS (see Figure 6) affect the hook 
status thresholds as follows: 


c) <160 2. between Ring and V_g (resets at ~4.7 kQ)); 
d) <150 2 between Ring and Vcc (resets at ~2.3 kQ)). 


FIGURE 12 — BATTERY FEED AND CURRENT LIMIT 


— =400 © for RRF = 7.5 k. 
— Varying RS from 5.0 kQ to 10 kQ will change the maximum loop 
current by ~4.0%. Varying RS has a negligible effect at 1800 © loop 
resistance. 


NOTES: 
=e — Per the graph, varying RRF varies both the battery feed resistance 
< and the maximum loop current. 
= — Between 1000 2. and 1800 2) loop resistance, battery feed resistance 
Zz is: 
ce — ~290 ( for RRF = 5.1k; 
2 — +335 0 for RRF = 6.2 k; 
Qa. 
) 
= 


0 400 800 1200 1600 2000 
LOOP RESISTANCE (OHMS) 
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FIGURE 13 — ALTERNATE 2-WiIRE FAULT PROTECTION CONFIGURATION 


O +5.0 Voits 1) Requires least number of components. 
2) 4-wire longitudinal balance is highly 


~ 12 PDI/ST2 sensitive to tolerance on the 30 12 resistors. 
They must be <+1% (6.8 k resistors can be 
13 ST1 _ +5%) for longitudinal balance of = 58 dB. 
0.01 14 


RRX 27.5 k 


Receive in (Vpx) 


33 k RTX2 


Transmit Out 
(VTx) 


RRO 
Zac = 34, + 60 
RTX2 x RRO 


G ss ee ee 
TX © RTX1 x Zac x 102 


1.0 


6 L 7 102 x Rac 
~48 VO ae 34 (Rac + 60) 
ae Cop (10 »F) RRX (1 + SHO 


Component values shown for 600 2 system. 


FIGURE 14 — ALTERNATE 2-WIRE FAULT PROTECTION CONFIGURATION 


O +5.0 Volts 1) Requires most number of components. 


0.01 . 2) Low sensitivity to external resistors — all 


oy resistors shown can be +5% tolerance for 
PDI/ST2 typical longitudinal balance of = 58 dB. 
= ST1 
VEE RRX 30.6 k 
Receive in (VRx) 
I 
Tip 
Rac ff 30 k RTX2 
= Transmit Out 
ing (VTx) 
0.01 
VEE 1.0 


tH 


-48 VC iG Cop (10 uF) 


Component values shown for 600 2 system. 
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m= SEMICONDUCTOR 
TECHNICAL DATA 


Advance Information 
ELECTRONIC 


ELECTRONIC TELEPHONE CIRCUIT TELEPHONE 


Provides All Basic Telephone Station Apparatus Functions in a CIRCUIT 
Single IC, Including DTMF Dialer, Tone Ringer, Speech Network 
and Line Voltage Regulator BIPOLAR LINEAR/IZL 
DTMF Generator Uses Low-Cost Ceramic Resonator with Accu- 
rate Frequency Synthesis Technique 


Tone Ringer Drives Piezoelectric Transducer and Satisfies EIA 

RS-470 Impedance Signature Requirements 

Speech Network Provides Two-Four Wire Conversion with 

Adjustable Sidetone Utilizing an Electret Transmitter 
-On-Chip Regulator Insures Stable Operation Over Wide Range 

of Loop Lengths 

I2L Technology Provides Low 1.4 Volt Operation and High Static 

: : FN SUFFIX 
Discharge Immunity 44-PIN P SUFFIX 


Microprocessor Interface Port for Automatic Dialing Features PLCC PLASTIC PACKAGE 
CASE 777-02 _ CASE 711-03 


FIGURE 1 — ELEMENTS OF THE ELECTRONIC TELEPHONE 


Hook Switch 
Piezo fae Ae ee 
Sound / 
Element 


Ceramic 
Resonator 


Tone 
Ringer 


MPU Speech 
Interface Network 


\V/MC34010 


Electret 
Microphone 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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‘MAXIMUM RATINGS (Voltage References to V—) 


VR Terminal Voltage (Pin 29) 

RXO Terminal Voltage (Pin 27) 

TRS Terminal Voltage (Pin 37) 
TRO (With Tone Ringer Inactive) Terminal Voltage 


R1-R4 Terminal Current (Pins 1-4) . 
C1—C4 (Pins 5-8) 


GENERAL CIRCUIT DESCRIPTION 


Introduction eS 

The MC34010 Electronic Telephone Circuit (ETC) 
provide all the necessary elements of a tone dialing 
telephone in a single IC. The functional blocks of the 
ETC include the DTMF dialer, speech network, tone 
ringer, and dc line interface circuit (Figure 1). The 
MC34010 also provides a microprocessor interface 
port that facilitates automatic dialing features. 

Low voltage operation is a necessity for telephones 
in networks where parallel telephone connections are 
common. An electronic speech network operating in 
parallel with a conventional telephone may receive line 
voltages below 2.5 volts. DTMF dialers operate at sim- 
ilarly low-line voltages when signaling through battery 
powered station carrier equipment. These low voltage 
requirements have been addressed by realizing the 
MC34010 in a bipolar/I2L technology with appropriate 


circuit techniques. The resulting speech and dialer cir- 


cuits maintain specified performance with instanta- 
neous input voltage as low as 1.4 volts. 


Line Voltage Regulator . 

The dc line interface circuit (Figure 3) determines the 
dc input characteristic of the telephone. At low input 
voltages (less than 3 volts) the ETC draws only the 


FIGURE 3 — DC LINE INTERFACE BLOCK DIAGRAM 


Dummy Load 


From Dialer 


[V5 Terminal Votage (Pin 34) —SSSCS~idC a, 1.0 


CL, TO, DD, I/O, A+ +122, —1.0 
Operating Ambient Temperature Range —20 to +60 
_ Storage Temperature Range —65 to +150 


PIN CONNECTIONS 


TRF 
TRO 
TRI 
TRS 
TRC 
FB 
V+ 
BP 
LR 
LC 
V = 
VR 
CAL 
RXO 
RXI| 
RM 
STA 
TXO 
TXl 
TXL 


m 


1 
= 
3 
4° 
5 
6 
7 
8 


A 
V 
°C 
ce 


[aie 
Ee 
— 


Keypad 


[Key [[ Row | Column | Code 3-60) 


WeRPRPADN WH AH WN HK WN — 


PRPAWNH HK A WWWNHNDNR H- A 


et KO OWPOWOANDAOAWN — 
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GENERAL CIRCUIT DESCRIPTION (continued) 


speech and dialer bias currents through the VR regu- 
lator. As input voltage increases, Q1 conducts the 
excess dc line current through resistor R4. The 1.5 volt 
level shift prevents saturation of Q2 with telephone line 
signals up to 2.0 volts peak (+5.2 dBm). A constant 
current (dummy load) is switched off when the DTMF 
dialer is activated to reduce line current transients. Fig- 
ure 4 illustrates the dc voltage/current characteristic of 
an MC34010 teiephone. 


FIGURE 4 — DC V-I CHARACTERISTIC OF THE ETC 


Line Voltage, Excluding 


7.0 

6.0 ad 
2 Al 
© 50 
— Speech Mode AY 
® 
oO Se ce 
ea 
3 3.0 
2 40 DTMF Operable 

Mode 
Aa 
ee ZF Inoperable Liz 
LL 
A lA Ld Ld d d 7, 


10 20 30 40 50 60 
Line Current (mA) 


120 


Speech Network 

The speech network (Figure 5) provides the two-to- 
four wire interface between the telephone line and the 
instrument's transmitter and receiver. An electret mi- 
crophone biased from VR drives the transmit amplifier. 
For very loud talkers, the peak limiter circuit reduces 
the transmit input level to maintain low distortion. The 
transmit amplifier output signal is inverted at the STA 
terminal and driven through an external R-C network to 
control the receiver sidetone level. The switched ac ;e- 
sistance at the RM terminal reduces receiver signal 
when dialing and suppresses clicks due to hook or key- 
pad switch transitions. When transmitting, audio signal 
currents (iTxO and iRxoC) flow through the voltage reg- 
ulator pass transistor (T1) to drive the telephone line. 
This feature has two consequences: 1) In the transmit- 
ting mode the receiver sidetone current iRxoO contrib- 
utes to the total signal on the line along with iTx0Q; 
2) The ac impedance of the telephone is determined by 
the receiver impedance and the voltage gain from the 
line to the receiver amplifier output. 


DTMF Dialer 

Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 6) when a row and 
column input are connected through a SPST keypad. 
The keypad interface is designed to function with con- 
tact resistances up to 1.0 kQ and leakage resistances as 
low as 150 kQ. Single tones may be initiated by de- 
pressing two keys in the same row or column. 


FIGURE 5 — SPEECH NETWORK BLOCK DIAGRAM 
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The programmable counters employ a novel design 
to produce non-integer frequency ratios. The. various 
DTMF tones are synthesized with frequency division 
errors less than + 0.16% (Table 1). Consequently an in- 
expensive ceramic resonator can be used instead of a 
quartz crystal as the DTMF frequency reference. Total 


frequency error less than +0.8% can be achieved with 
+0.3% ceramic resonator. The row and column D/A. 
converters produce 16-step approximations of sinu- 
soidal waveforms. Feedback through terminal FB re- 
duces the DTMF output impedance to approximately 
2.0 kQ to satisfy return loss specifications. 


FIGURE 6 — DTMF DIALER BLOCK DIAGRAM 


500 kHz Ceramic 
Resonator 


Tone Ringer 

The tone ringer (Figure 7) generates a warbling 
square wave output drive to a piezo sound element 
when the ac line voltage exceeds a. predetermined 
threshold level. The threshold detector uses a current 
mode comparator to prevent on/off chatter when the 
output current reduces the voltage available at the 
ringer input. When the average current into the tone 
ringer exceeds the threshold level, the ringer output 
TRO commences driving the piezo transducer. This out- 
put current sourced from TRI increases the average cur- 
rent measured by the threshold detector. As a result, 
hysteresis is produced beween the tone ringer on and 
off thresholds. The output frequency at TRO alternates 
between f,/8 and f,/10 at a warble rate of f9/640, where 
fg is the ringer oscillator frequency. 


Microprocessor Interface 

The MPU interface connects the keypad and DTMF 
sections of the ETC to a microprocessor for storing and 
retrieving numbers to be dialed. Figure 8 shows the 
major blocks of the MPU interface section and the in- 
terconnections between the keypad interface, DTMF 


generator and microprocessor. Each button of a 12 or 


16 number keypad is represented by a four-bit code 
(Figure 2). This four-bit code is used to load the pro- 
grammable counters to generate the appropriate row 
and column tones. The code is transferred serially to or 
from the microprocessor when the shift register is 
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clocked by the microprocessor. Data is transferred 
through the I/O terminal, and the direction of data flow 
is determined by the Data Direction (DD) input terminal. 
In the manual dialing mode, DD is a Logic ‘0’ and the 
four-bit code from the keypad is fed to the DTMF gen- 
erator by the digital multiplexer and also output on the 
1/0 terminal through the four-bit shift register. The data 
sequence on the I/O terminal is B3, B2, B1, BO and is 
transferred on the negative edge of the clock input (CL). 
In this mode the shift register load enable circuit cycles 
the register between the load and read modes such that 
multiple read cycles may be run for a single-key closure. 
Six complete clock cycles are required to output data 


_from the ETC and reload the register for a second look. 


In the automatic dialing mode, DD is a Logic “1” and 
the four-bit code is serially entered in the sequence B3, 
B2, B1, BO into the four-bit shift register. Thus, only four 
clock cycles are required to transfer a number into the 
ETC. The keypad is disabled in this mode. A Logic ‘1” 
on the Tone Output (TO) will disable tone outputs until 
valid data from the microprocessor is in place. Subse- 
quently TO is switched to a Logic ‘’0”’ to enable the 
DTMF generator. Figures 9 and 10 show the timing wav- 
eforms for the manual and automatic dialing modes 
and Table 2 specifies timing limitations. 

The keypad decoder’s exclusive OR circuit generates 
the DP and MS output signals. The DP output indicates 
(when at a Logic 1’) that one, and only one, key is 
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depressed, thereby indicating valid data is available to 
the MPU. The DP output can additionally. be used to 
initiate a data transfer sequence to the microprocessor. 
The MS output (when at a Logic ‘1"’) indicates the DTMF 
generator is enabled and the speech network is muted. 

Pin A+ is to be connected to a source of 2.5 to 10 


volts (generally from the microprocessor circuit) to en- 


able the pullup circuits on the microprocessor interface 
outputs (DP, MS, I/O). Additionally, this voltage will 


power the entire circuitry (except Tone Ringer) in the 
absence of voltage at V+. This permits use of the trans- 
mit and receive amplifiers, keypad interface, and DTMF 
generator for non-typical telephone functions. 


See Figure 45 for a typical interconnection to an 
MC6821 PIA (Peripheral Interface Adapter). Connection 
to a port on any other class of microprocessor will be 
similar. 


FIGURE 7 — TONE RINGER BLOCK DIAGRAM 
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FIGURE 9 — OUTPUT DATA CYCLE 
NOTE: TO may be low (Tone generator enabled) if desired. © 
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FIGURE 10 — INPUT DATA CYCLE 
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TABLE 1 — FREQUENCY SYNTHESIZER ERRORS — . TABLE 2 — TIMING LIMITATIONS 


DTMF Tone Output 
Standard | Frequency with % Deviation 
(Hz) 500 kHz Oscillator | from Standard | 


Clock Frequency 
Clock High Time 
Row 1 
Row 2 . ‘ Clock Low Time 
Row 3 
Row 4 . : Clock Rise, Fall Time 
Clock Transition to 
Column 1 : . Data Valid 
Column 2 ; : Time from DP High 
Column 3 : : ~ to CL Low 
Column 4 : : Time from DD High 
to CL Low 
Data Setup Time 
Data Hold Time 
Time from CL Low 
to TO Low_ 
Time from TO High 
to DD High 
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PIN DESCRIPTION 


(See Figure 45 for external component identifications.) 


PIN 
(PLCC) Designation 
1-4 R1—R4 Keypad inputs for Rows 1 through 4. When open, internal 8.0 kQ resistors pull up the row inputs 
to a regulated (~0.5 volt) supply. In normal operation, a row and a column input are connected 
through a SPST switch by the telephone keypad. Row inputs can also be activated by a Logic 
“0” (<250 mV) from a microprocessor port. 
7-10) | 5- C1-C4 Keypad inputs for Columns 1 through 4. When open, internal 8.0 kQ resistors pull down the 


column inputs to V—. In normal operation, connecting any column input to any row input 
produces the respective row and column DTMF tones. In addition to being connected to a row 
input, column inputs can be activated by a Logic ‘1” (>250 mV and <1.0 volt). 


Depressed Pushbutton (Output) — Normally low; A Logic “1” indicates one and only one, button 
of the DTMF keypad is depressed. 


Tone Output (Input) — When a Logic “1,” disables the DTMF generator. Keypad is not disabled. 


Mute/Single Tone (Output) — A Logic “1” indicates the tone generator is enabled. A Logie ie 
indicates tone generator is disabled. 


MPU Power Supply (Input) — Enables pullups on the microprocessor section outputs. 
Additionally, this voltage will power the entire circuit (except Tone Ringer) in the absence of 
voltage at V+. 


Input/Output — Serial Input or Output data (determined by DD input) to or from the 
microprocessor for storing or retrieving telephone numbers. Guaranteed to be a Logic ‘1”’ on 
powerup if DD = Logic ‘’0.” 


Data Direction (input) — Determines direction of data flow through I/O pin. As a Logic ‘‘1,’’ I/O 
is an input to the DTMF generator. As a Logic “0,” I/O outputs keypad entries to the 
microprocessor. 


Ceramic Resonator oscillator input and feedback terminals, respectively. The DTMF dialer is 
intended to operate with a 500 kHz ceramic resonator from which row and column tones are 
synthesized. 


Amplitude CALibration terminal for DTMF dialer. Resistor R14 from the CAL pin to V— controls 


fiom E Clock (Input) — Serially shifts data in or out of I/O pin. Data is transferred on negative edge 
the DTMF output signal level at Tip and Ring. 


typically at 20 kHz. 
18,19 | 16,17 | CR1, CR2 
FeedBack terminal for DTMF output. Capacitor C14 connected from FB to V+ provides ac 
feedback to reduce the output impedance to Tip and Ring when tone dialing. 
Voltage Regulator output terminal. VR is the output of a 1.1 volt voltage regulator which supplies 
power to the speech network amplifiers and DTMF generator during signaling. To improve 
regulator efficiency at low line current conditions, an external PNP pass-transistor T1 is used in 


id 


Se 


the regulator circuit. Capacitor C9 frequency compensates the VR regulator to prevent oscillation. 


Base of a PNP Pass-transistor. Under long-loop conditions where low line voltages would cause 
VR to fall below 1.1 volts, BP drives the PNP transistor T1 into saturation, thereby minimizing | 
the voltage drop across the pass transistor. At line voltages which maintain VR above 1.1 volts, 
BP biases T1 in the linear region thereby regulating the VR voltage. Transistor T1 also couples 
the ac speech signals from the transmit amplifier to Tip and Ring at V+. 


The more positive input to the regulator, speech, and DTMF sections connected to Tip and Ring 
through the polarity guard diode ails hes 


DC Load Resistor. Resistor R4 from LR to V— determines the dc input resistance at Tip and Ring 
This resistor is external not only to enable programming the dc resistance but also to avoid 
high on-chip power dissipation with short telephone lines. It acts as a shunt load conducting 
the excess dc line current. At low line voltages (<3.0 volts), no current flows through LR 
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DC Load Capacitor. Capacitor C11 from LC to V— forms a low-pass filter which prevents the 
resistor at LR from loading ac speech and DTMF signals. 


Ww 
i 
a 


MiC MiCrophone negative supply terminal. The dc current from the electret microphone is returned 
to V— through the MIC terminal which is connected to the collector of an on-chip NPN transistor. 
The base of this transistor is controlled either internally by the mute signal from the DTMF 


generator, or externally by the logic input pin MM. 


NO Ww 
eh 
zz. 
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(continued) 
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PIN DESCRIPTION (continued) 


Designation 


Microphone Mute. The MM pin provides a means to mute the microphone in response toa 
digital control signal. When this pin is connected to a Logic “1” (>2.0 V) the microphone dc 
return path through the MIC terminal is disabled. . 


Pas 


Transmit amplifier Input. TXI is the input to the transmit amplifier from an electret microphone. 
AC coupling capacitors allow the dc offset at TXI to be maintained approximately 0.6 V above 
V— by feedback through resistor R11 from TXO. 


Transmit Input. Limiter. An internal variable resistance element at the TXL terminal controls the 
transmitter input level to prevent clipping with high signal levels. Coupling capacitors C4 and 
C5 prevent dc current flow through TXL. The dynamic range of the transmit peak limiter is 
controlled by resistors R12 and R13. 


Transmit Amplifier Output. The transmit amplifier output drives ac current through the voltage 
regulator pass-transistor T1 via resistor R10. The dc bias voltage at TXO is typically 0.6 volts 
above V—. The transmit amplifier gain is controlled by the R11/((R12 + R13) ratio. 


Automatic Gain Control low-pass filter terminal. Capacitor C3 connected between AGC and VR 
sets the attack and decay time of the transmit limiter circuit. This capacitor also aids in reducing 
clicks in the receiver due to hook-switch transients and DTMF on/off transients. In conjunction 
with internal resistors, C3 (1.0 uF) forms a timer which mutes the receiver amplifier for 
approximately 20 milliseconds after the user goes off-hook or releases a DTMF Key. 


Receiver Amplifier Output. This terminal is connected to the open-collector NPN output transistor 
of the receiver amplifier. DC bias current for the output device is sourced through the receiver 
from VR. The bias voltage at RXO is typically 0.6 volts above the V—. Capacitor C10 from RXO 
to VR provides frequency compensation for the receiver amplifier. 


Receiver Amplifier Input. RXI is the input terminal of the receiver amplifier which is driven by 
ac signals from V+ and STA. Input coupling capacitor C8 allows RXI to be biased approximately 
0.6 volts above the V— via feedback resistor R6. 


Receiver Amplifier Mute. A switched resistance at the RM terminal attenuates the receiver 
amplifier input signal produced by DTMF dialing tones at V+. RM also mutes clicks at the receiver 
which result from keypad or hook switch transitions. The ac resistance at RM is typically 540 © 
in the mute mode and 200 kO otherwise. Coupling capacitors C7 and C8 prevent dc current flow 
through RM. -_ 


SideTone Amplifier output. STA is the output of the sidetone inverter amplifier whose input is 
driven by the transmit signal at TXO. The inverted transmit signal from STA subtracts from the 
receiver amplifier input current from V+, thus reducing the receiver sidetone level. Since the 
transmitted signal at V+ is phase shifted with respect to TXO by the reactive impedance of the 
phone line, the signal from STA must be similarly phase-shifted in order to provide adequate 
sidetone reduction. This phase relationship between the transmit signal at TXO and the sidetone 
cancellation signal from STA is controlled by R8, R9, and C6. 


‘Tone Ringer Input Sense. TRS is the most positive input terminal of the tone ringer and the 
reference for the threshold detector. 


Tone Ringer Input terminal. TRI is the positive supply voltage terminal for tone ringer circuitry. 
Current is supplied to TRI through resistor R2. When the average voltage across R2 exceeds an 
internal reference voltage (typically 1.6 volts) the tone ringer output is enabled. 


Tone Ringer Input Filter capacitor terminal. Capacitor C16 connected from TRF to TRS forms a 
low-pass filter. This filter averages the signal across resistor R2 and presents this dc voltage to 
the input of the threshold detector. Line voltage transients are rejected if the duration is 
insufficient to charge C16 to 1.6 volts. 


Tone Ringer oscillator Capacitor and resistor terminal. The relaxation oscillator frequency fo is 
set by resistor R3 and capacitor C13 connected from TRC to V-. Typically, fg = (R3C13 + 8.0 
ps)—!. 

Tone Ringer Output terminal. The frequency of the square wave output signal at TRO alternates 
from fo/8 to fo/10 at a warble rate of fo/640. Typical output frequencies are 1000 Hz and 800 Hz 
with a 12.5 Hz warble rate. TRO sources or sinks up to 20 mA to produce an output voltage 
swing of 18 volts peak-to-peak across the piezo transducer. Tone ringer volume control can be 
implemented by a variable resistor in series with the piezo transducer. 
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ELECTRICAL CHARACTERISTICS (Ta = 25°C) 


KEYPAD INTERFACE CIRCUIT 


Test 
Characteristic Method 


Row Input Pullup Resistance 7 Rr 

mth Row Terminal: m = 1,2,3,4 

Column Input Pulldown Resistance ese Re 
7&8 


m 


nth Column Terminal: n = 1,2,3,4 


Ratio of Row-to-Column Input Resistances 
_ RRm, © = 1,2,3,4 


Kmn = Ren n= 1,2,3,4 


Row Terminal Open Circuit Voltage 


4.0 
0.88 
B00: | 
Row Threshold Voltage for mth 0.70 VROC =| 


Row Terminal: m = 1,2,3,4 


MICROPROCESSOR INTERFACE 


Voltage Regulator Output 
A+ Regulator 


LINE VOLTAGE REGULATOR 


Voltage Regulator Output 
V+ Current in DIMF Mode 
Change in Ipt with Change in V+ Voltage 


V+ Current in Speech Mode 
V+ =1.7V 
V+ =50V 


Speech to DTMF Mode Current Difference 


LR Level Shift 
V+ = 5.0V,ILR = 10mA 
V+ = 18V,iLR = 110 mA 


LC Terminal Resistance 
Load Regulation 
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ELECTRICAL CHARACTERISTICS (continued) 


SPEECH NETWORK 


_., - Characteristic 


MIC Terminal Saturation Voltage 


Test 
Method 


MIC Terminal Leakage Current 


MM Terminal Input Resistance 
TXO Terminal Bias | 
TXI Terminal Input Bias Current 
TXO Terminal Positive Swing 
TXO Terminal Negative Swing 
Transmit Amplifier Closed-Loop Gain —_. 
Sidetone Amplifier Gain 

STA Terminal Output Current 
RXO Terminal Bias 

RX! Terminal Input Bias Current 
RXO Terminal Positive Swing 
RXO Terminal Negative Swing 
TXL Terminal OFF Resistance 
TXL Terminal ON Resistance 
RM Terminal OFF Resistance 


RM Terminal ON Resistance 


DTMF GENERATOR 


Row Tone Frequency 


Column Tone Frequency Column 1 
Column 2 
Column 3 
Column 4 


Row Tone Amplitude 


Column Tone Amplitude 


Column Tone Pre-emphasis ; 
DTMEF Distortion 
DTMF Output Resistance 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-234 


MC34010 


ELECTRICAL CHARACTERISTICS (continued) 


TONE RINGER 


. Test 
Characteristic Method Symbol Typ 


TRI Terminal Voltage VIR 23 Vde 


TRS Terminal Input Current - ITRS 
VTRS = 24 volts 15a 70 120 170 pA 
VTRS = 30 voits 15b 0.4 0.8 1.5 mA 


TRF Threshold Voltage 16a VTREF 12 1.6 1.9 Vdc 


ee | 
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High Tone Frequency 920 1000 1080 H 


Warble Frequency 


< 


< 
N |N IN 


Tone Ringer Output Voltage 


< 
e 
o 


100 pF — 
| 100 pF 
as 
= e 


Notes: 

1. *Selected ceramic resonator: 500 kHz + 2.0 kHz. 
2. Capacitances in uF unless noted. 

3. All resistances in ohms. 

4, Pin outs shown are for the 40 pin DIP. 
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FIGURE 12 — TEST ONE FIGURE 13 — TEST TWO 


Vs 
Vs 
General General 
Test V Test 

Circuit R Circuit — 
a. Measure VR with Vs = 1.7 V a. Measure IpT with Vs = 11.5 V 
b. Measure Isp with Vs = 1.7 V b. Measure IpT with Vs = 26 V. Calculate 
c. Measure Isp with Vg = 5.0 V | Alpt = Ipt] - 'pt| 


26 V 11.5V 


FIGURE 14 — TEST THREE FIGURE 15 — TEST FOUR 


General 
Test 
Circuit 


General 
Test 
Circuit 


: 
| Tsyv 


With Sj open measure ITR. Close S1 and again measure 


a. Set Ve = 5.0 V and} = 10 mA. Measure V| R. 
itp. Calculate: Ss LR LR 


: Calculate AV_R = Vs — VLR 
AITR = ITR | es 'TR| . b. Repeat Test 4a with Vg = 18 V andltp = 110 mA 
1 1 


Closed Open 
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FIGURE 16 — TEST FIVE 


General 
Test 
Circuit 


With Sj open measure Vic. 
Close S1 and measure IL. 
Calculate: 

5.0 —- ViC 


Ric = ine 


FIGURE 17 — TEST SIX 


General 
Test . 
Circuit 


Set Ipp = 0.0 nA and measure Vp. 
Set Igp = 150 uA and measure Vr. Calculate: 
AVR = VR| — Vp 
0.0 nA 


150 vA 


a. 


b. 


FIGURE 18 — TEST SEVEN 


$4 


General 
Test 
Circuit 


Subscript m corresponds to row number. 


Set S1 to Terminal 2 and measure voltage at Terminal 1 
(VRoc). 
Set S1 to Terminal 1 (m = 


Rri = VRoc = IR1 


1) and measure Ip 4. Calculate: 


c,d,e. Repeat Test 7b for m = 2,3,4. 


FIGURE 19 — TEST EIGHT 


General 
Test 
Circuit 


+ 
ie Vv 


Subscript n corresponds to column number. 


a. Set S_ to Terminal 5 (n = 
Rci = 1.0V + ic} 
b,c,d. Repeat Test 8a for n = 2,3,4. 


1) and measure Ic . Calculate: 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-237 


MC34010 


FIGURE 20 — TEST NINE 


S1 
V7 General 5.0 V 
Test == 


= Circuit 


m corresponds to row number. 


a. Set Sq to Terminal 1 (m = 1) with Vj = 1.0 Vdc. Verify 


Vaic is Low (Viyic < 0.3 Vdc). Decrease V1 to 0.70 VRoc 


and verify Vic switches high. le > 0.5 Vdc). VRoc 
is obtained from Test 7a. 


b,c,d. Repeat Test 9a for rows 2,3, and 4.(m = 2,3,4) 


FIGURE 21 — TEST TEN © 


General | 
Test 
Circuit 


5.0 V 


n corresponds to column number. 


a. Set S1 to Terminal 5 (n = 1) with V1 = 0 Vdc. Verify 
Vic is low (Vic < 0.3 Vdc). Increase V1 to 0.39 Vroc 
and verify Vic switches high, (Vic > 0.5 Vde). Vroc 
is obtained from Test 7a. . 


b,c,d. Repeat Test 10a for columns 2,3, and 4. (n = 2,3,4) 


FIGURE 22 — TEST ELEVEN 


General 
Test. 
Circuit 


Onno fh WH 


m corresponds to row number. 
n corresponds to column number. 


. With V4 


= 0.0 V set S1 to Terminal 1 (m = 1) and 


measure frequency of tone at V+. 


. Repeat Test 11a for rows 2,3 and 4. (m = 2,3,4). 
. With V4 


= 1.0 V set Sj to Terminal 5. (n = 1) and 
measure frequency of tone at V+. 


. Repeat Test for columns 2,3, and 4. (n = 2,3,4). 
e. Set S1 to Terminal 4 and V1 = 0.0 V. Measure row tone 


amplitude at V+ (Vpow). 


Set Sj to Terminal 8 and Vj = 1.0 V. Measure column 
tone amplitude at V+. (VcOL). 


. Using results of Tests 11e and 11f, calculate: 


VCOL 
dBcr = 20 logig Vaow 
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FIGURE 23 — TEST TWELVE FIGURE 24 — TEST THIRTEEN 


General | 15V General 
Shad 940 Hz = Fait 
ircult Notch Filter ircuit 
1209 Hz 
Notch Filter 
V4 
10 kHz Single 
Pole LPF 
Note: The notch filters must have 50 dB attenuation at their Measure Ig at Vj = 1.8V and Vy = 2.8V. 
respective center frequencies. 
Calculate: 
Measure V+ and V4 with a true rms voltmeter. Calculate: Ro = 1.0V ac - is| | 
V4(rms) 28V ‘1.8V 
% DIS = ———— x 100 . 
V+(rms) 


FIGURE 25 — TEST FOURTEEN FIGURE 26 — TEST FIFTEEN 


VTRI 


General 
Test 
Circuit 


~ General 
Test 
Circuit 


a. Measure ItRs with V1 = 24 V. 
Set | = 1.0 mA and measure VTR}. b. Measure ITRs with V1 = 30 V. 


Il 
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FIGURE 27 — TEST SIXTEEN FIGURE 28 — TEST SEVENTEEN 


ITRF 


General 
Test 
Circuit 


General. 
Test 
Circuit 


a. Increase V1 from 21 V until VTRO switches on. Note that 
VTRO will be an 16 Vpp square wave. Record this value Measure ITRF. Calculate: RTRF = 1.0 ~ ITRF. 
of V4. Calculate: 
VTRF = Vi — 20V 
b. Decrease V1 from its setting in Test 16a until VTRO 
ceases switching. Record this value of V1. Calculate: 
AVTRF = v1 | = vi 


Test Test 


16a 16b 


FIGURE 29 — TEST EIGHTEEN 


VDD 
110 k 
38 Von 200 k 
_ General 2 : ) ae 

Test + Es 3 
cial Tz Vv Ty V 0.01 ‘a = - 
| = = j ad 6) 

Vpp 8 


" 
1/441C1 }O (O) 
T1 | 
5.1k 10 k iC1 — MC14011B f 
IC2 — MC14538B 
1/41C1 ]O O 
i = T1 — 2N3904 Bz) 


Measure the frequencies fw, fH, fL. — 
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FIGURE 30 — TEST NINETEEN FIGURE 31 — TEST TWENTY 


VTRO 


General 
Test 
Circuit 


General 
Test 
Circuit 


VMIC 


Measure VTRO peak-to-peak voltage swing. 
Using VTR| from Test 14 Calculate: Measure Vic 


Vo(p-p) = Vtri — 20 V + VtrRO 


FIGURE 32 — TEST TWENTY-ONE FIGURE 33 — TEST TWENTY-TWO 


General 
Test 
Circuit 


Genera! 
Test 
Circuit 


4 
Be ice V 


IMic 20 


+ + 
ah so V 


a. With S; open, measure VTxo. Using VR obtained in Test 
1 Calculate: Btxo = VTxo = VR 


b. With S1 open, measure VTxo and VT xj. Calculate: 


a. Set V1 = 2.0 V and measure Imic. es it 7 ral i os 7 ia 
- . Close S1 and set | = —10 wA. Measure VTxo. Calculate: 
- b. Set Vz = 5.0 V and measure Inu. . < . : 
Calculate: Rw = 5.0 V = IMM xe = Vr — VTxo where Vp is obtained rom 
d. Close S1 and set | = +10 wA. Measure V7xo. 
VTxo(—) = VTxo- 
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FIGURE 34 — TEST TWENTY-THREE FIGURE 35 — TEST TWENTY-FOUR 


General 
Test 
Circuit 


General 
Test 
Circuit 


24 ISTA 


a. Set the generator for vj = 3.0 MVrms. Measure ac 


voltage VTxQ. Calculate: Measure IsTA. 
! . 
b. Measure ac voltage VgT,a. Using VTxQ from Test 23a 
calculate: 
VSTA 
G _ ‘STA 
STA" VTxo 


FIGURE 36 — TEST TWENTY-FIVE FIGURE 37 — TEST TWENTY-SIX 


General 
Test 
Circuit 


General 
Test 
Circuit 


a. With S7 open, measure Vrxoc. Using VR obtained in Test 
1, calculate: BRxo = VRxO =~ VR. 
a. Set S; to position A with Sz open. Measure ITx_. 


. Wi ; . Calculate: 
b. With S1 open, measure Vpxo and VRxj. Calculate Calculate: Rr, (OFF) = 0.4V ~ IqxL. 


IRxi = (VRxo — VRx1) + 100 kO 
b. Set S17 to position B and close Sg. Measure ac voltages vj 


c. Close Sj and set.| = —10 uA. Measure V_xoc. Using VR 
obtained in Test 1, calculate: Vrxo (+) = VR - VRxo- and VTXL. asic 

d. Close S1 and set | = +10 wA and measure VRxo. RTXL (ON) = Fok x 5.1 kO 
VRxol—) = VRXO- 
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FIGURE 38 — TEST TWENTY-SEVEN FIGURE 39 — TEST TWENTY-EIGHT 


General 
Test 
Circuit 


General 
Test 
Circuit 


1.0 kHz | 
a. With Sz open and Sj in position 


A measure IR. 
Calculate: RRN(OFF) =0.4 V = Inj 


b. Close Sz and switch $1 to position B. Measure ac 
voltages vj and Van. 
Calculate: 


VRM 
Renw(ON) = ——— x 10 ko 
nM vi -— VRM 


a. Set V+ = 1.4 V. Measure |a(OFF) 
b. Set V+ = 0.6 V. Measure IAa(ON) 


FIGURE 40 — TEST TWENTY-NINE FIGURE 41 — TEST THIRTY 


General 
Test 
Circuit 


General 
Test 
Circuit 


iA 
t 


5.0 V OV 
Measure NRA y Measure lj, at each of three inputs. For each, calculate: 
Rin = 5.0 Vilin 
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FIGURE 42 — TEST THIRTY-ONE 


4 General 
Test 
Circuit — 


Measure lin. 


FIGURE 43 — TEST THIRTY-TWO 


General 
Test 
Circuit 


a. Measure Voy at Pin 13. 
b. Close $1, measure Voy at Pin 11. 
c. Close S; and Ss. Measure Voy 

at Pin 9. = 


oe 
ap hey 


FIGURE 44 — TEST THIRTY-THREE 


+ 
VvoT_ 


12 


General 
Test 
Circuit 


t = 20 us 


a. Set Vop to 08 V Measure Vo, voltages at Pins 9 and 11. 


b. Close $1. Force Vj/o to 0.8 V and Vpp to 2.0 V. Apply 
4 clock pulses to Pin 15. Open S41 and decrease Vpp to 
0.8 V. Measure Vo, at Pin 13. 


APPLICATIONS INFORMATION 


Figure 45 specifies a typical application circuit for the 
MC34010. Complete listings of external components are 
provided at the end of this section along with nominal 
component values. 


The hook switch and polarity guard bridge configu- 
ration in Figure 45 is one of several options. If two 
bridges are used, one for the tone ringer and the other 
for speech and dialer circuits, then the hook switch can 
be simplified. Component values should be varied to 
optimize telephone performance parameters for each 


application. The relationships between the application 
Circuit components and certain telephone parameters 
are briefly described in the following: 


On-Hook Input Impedance 

R1, C17, and Z3 are the significant components for 
on-hook impedance. C17 dominates at low frequencies, 
R1 at high frequencies and Z3 provides the non-linearity 
required for 2.5 V and 10 V impedance signature tests. 
C17 must generally be < 1.0 uF to satisfy 5.0 Hz imped- 
ance specifications. 
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Tone Ringer Output Frequencies 

R3 and C13 control the frequency (fo) of a relaxation 
oscillator. Typically fg = (R3C13 + 8.0 uws)-1. The out- 
put tone frequencies are f,/10 and f)/8. The warble rate 
is fo/640. The tone ringer will operate with fg from 1.0 
kHz to 10 kHz. R3 should be limited to values between 
150 k and 300 k. 


Tone Ringer Input Threshold 

After R1, C17, and Z3 are chosen to satisfy on-hook 
impedance specifications, R2 is chosen for the desired 
ring start threshold. Increasing R2 reduces the ac input 
voltage required to activate the tone ringer output. R2 
should be limited to values between 0.8 k and 2.0 kQ. 


Off-Hook DC Resistance 

R4 conducts the dc line current in excess of the speech 
and dialer bias current. Increasing R4 increases the 
input resistance of the telephone for line currents above 
10 mA. R4 should be selected between 30 © and 120 ©. 


Off-Hook AC Impedance © 

The ac input impedance. is equal to the receive ampli- 
fier load impedance (at RXO) divided by the receive 
amplifier gain (voltage gain from V+ to RXQ). Increas- 
ing the impedance of the receiver increases the imped- 
ance of the telephone. Increasing the gain of the receiver 
amplifier decreases the impedance of the telephone. 


DTMF Output Amplitude 

R14 controls the amplitude of the row and column 
DTMF tones. Decreasing R14 increases the level of tones 
generated at V+. The ratio of the row and column tone 
amplitudes is internally fixed. R14 should be greater 
than 20 2 to avoid excessive current in the DTMF output 
amplifier. | 


Transmit Output Level 

R10 controls the maximum signal amplitude pro- 
duced at V+ by the transmit amplifier. Decreasing R10 
increases the transmit output signal at V+. R10 should 
be greater than 220 () to limit current in the transmit 
amplifier output. 


Transmit Gain 

The gain from the microphone to the telephone line 
varies directly with R11. Increasing R11 increases the 
signal applied to R10 and the ac current driven through 
R10 to the telephone line. The closed loop-gain from 
the microphone to the TXO terminal should be greater 
than 10 to prevent transmit amplifier oscillations. 


Note: Adjustments to transmit level and gain are com- 
plicated by the addition of receiver sidetone cur- 
rent to the transmit amplifier output current at 
V+. Normally the sidetone current from the 
receiver will increase the transmit signal (if the 
current in the receiver is in phase with that in 
R10). Thus the transmit gain and sidetone levels 
cannot be adjusted independently. 


Receiver Gain 

Feedback resistor R6 adjusts the gain at the receiver 
amplifier. Increasing R6 increases the receiver amplifier 
gain. 


Sidetone Level 

Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R9 and R5. R8, R15, 
and C6 determine the phase of the sidetone balance 
Signal in R9. The ac voltage at the junction of R8 and 
R9 should be 180° out of phase with the voltage at V+. 
RY is selected such that the signal current in R9Q is 
slightly greater than that in R5. This insures that the 
sidetone current in the receiver adds to the transmit 
amplifier output current. 


Hook-Switch Click Suppression 

When the telephone is switched to the off-hook con- 
dition C3 charges from 0 volts to a 300 mV bias voltage. 
During this time interval, receiver clicks are suppressed 
by a low impedance at the RM terminal. If this click 
suppression mechanism is desired during a rapid 
succession of hook switch transitions, then C3 must be 
quickly discharged when the telephone is on-hook, R16 
and S3 provide a rapid discharge path for C3 to reset 
the click suppression timer. R16 is selected to limit the 
discharge current in S3 to prevent damage to switch 
contacts. 


Microprocessor Interface — 

The six microprocessor interface lines (DP, TO, MS, 
DD, I/O, and CL) can be connected directly to a port, as 
shown in Figure 47. The DP line (Depressed Pushbutton) 
is also connected to an interrupt line to signal the micro- 
processor to begin a read data sequence when storing 
a number into memory. The MC34010A clock speed 
requirement is slow enough (typically 20 kHz) so that it 
is not necessary to divide down the processor's system 
clock, but rather a port output can be toggled. This facil- 
itates synchronizing the clock and data transfer, elimi- 
nating the need for hardware to generate the clock. 

The DD pin must be maintained ‘at a Logic “0” when 
the microprocessor section is not in use, so as to permit 
normal operation of the keypad. 

When the microprocessor interface section is not in 
use, the supply voltage at Pin 12 (A+) may be discon- 
nected to conserve power. Normally the speech cir- 
cuitry is powered by the voltage supplied at the V+ 
terminal (Pin 34) from the telephone lines. During this 
time, A+ powers only the active pullups on the three 
microprocessor outputs (DP, MS, and I/O). When the 
telephone is ‘‘on-hook,” and V+ falls below 0.6 volts, 
power is then supplied to the telephone speech and 
dialer circuitry from A+. Powering the circuit from the 
A+ pin permits communication with a microprocessor, 
and/or use of the transmit and receiver amplifiers, while 
the telephone is ‘‘on-hook." 
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FIGURE 45 — ELECTRONIC TELEPHONE APPLICATION CIRCUIT 
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EXTERNAL COMPONENTS | 
(Component Labels Referenced to Figure 45) 


Nominal 
Capacitors Value Description 


100 pF Ceramic Resonator oscillator capacitors. 
1.0 pF, 3.0 V Transmit limiter low-pass filter capacitor: controls attack and decay time of transmit peak limiter. 
0.1. F Transmit amplifier input capacitors: prevent dc current flow into TXL pin and attenuate low-frequency 
noise on microphone lead. 
C6 0.05 uF Sidetone network capacitor: provides phase-shift in sidetone path to maicn thai caused by ieiephone 
line reactance. 
C7, C8 0.05 uF Receiver amplifier input capacitors: prevent dc current flow into RM terminal and attenuates low frequency 
noise on the telephone line. 
C9 2.2 pF, 3.0 V VR regulator capacitor: frequency compensates the VR regulator to prevent oscillation. 
C10 0.01 uF Receiver amplifier output capacitor: frequency compensates the receiver amplifier to prevent oscillation. 
°C 0.1 uF DC load filter capacitor: prevents the dc load circuit from attenuating ac signals on V+. 
C12 0.01 nF Telephone line bypass capacitor: terminates telephone line for high frequency signals and prevents 
oscillation in the VR regulator. 
C13 620 pF Tone ringer oscillator capacitor: determines clock frequency for tone and warble frequency synthesizers. 
C14 0.1 uF DTMF output feedback capacitor: ac couples feedback around the DTMF output amplifier which reduces 


output impedance. 


C15 4.7 pF, 25V Tone ringer input capacitor: filters the rectified tone ringer input signal to smooth the supply potential 
for oscillator and output buffer. 


C16 1.0 uF, 10 V Tone ringer filter capacitor: integrates the voltage from current sense resistor R2 at the input of the 
threshold detector. 


C17 1.0 uF, 250 Vac | Tone ringer line capacitor: ac couples the tone ringer to the telephone line; partially controls the on- 
Non-polarized | hook input impedance of telephone. 


Nominal 
Value Description 


6.8 k Tone ringer input resistor: limits current into the tone ringer from transients on the telephone line and 
partially controls the on-hook impedance of the telephone. 


1.8k Tone ringer current sense resistor: produces a voltage at the input of the threshold detector in proportion 
to the tone ringer input current. 


200 k Tone ringer oscillator resistor: determines the clock frequency for tone and warble frequency synthesizers. 


82, 1.0 W DC load resistor: conducts all dc line current in excess of the current required for speech or dialing 
Circuits; controls the off-hook dc resistance of the telephone. 


150 k, 56 k Receiver amplifier input resistors: couple ac input signals from the telephone line to the receiver amplifier; 
signal in R5 subtracts from that in R9 to reduce sidetone in receiver. 


R6 200 k Receiver amplifier feedback resistor: controls the gain of the receiver amplifier. 


R8, R9 1.5 k, 30k Sidetone network resistors: drive receiver amplifier input with the inverted output signal from the trans- 
mitter; phase of signal in R9 should be opposite that in R5. 


R10 270 Transmit amplifier load resistor: converts output voltage of transmit amplifier into a current that drives 
the telephone line; controls the maximum transmit level. 


R11 200 k Transmit amplifier feedback resistor: controls the gain of the transmit amplifier. 


R12, Ri3 4.7 k, 4.7 k Transmit amplifier input resistors: couple signal from microphone to transmit amplifier; control the dynamic 
range of the transmit peak limiter. 


R14 36 DTMF calibration resistor: controls the output amplitude of the DTMF dialer. 
R15 } Sidetone network resistor (optional): reduces phase shift in sidetone network at high frequencies. 


R16 Hook switch click suppression current limit resistor (optional): limits current when S3 discharges C3 after 
switching to the on-hook condition. 


Rx ; Microphone bias resistor: sources current from VR to power a 2-terminal electret microphone; Rx is not 
used with 3-terminal microphones. 
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EXTERNAL COMPONENTS (continued) 


__Semiconductors | Electret Mic Receiver 


MDA101A, or equivalent, 2 Terminal, Primo EM-95 (Use Rx) Primo Model DH-34 (300 ©) or equivalent 
or 4-1N4005 or equivalent 


T1 = 2N4126 or equivalent 3 Terminal, Primo 07A181P (Remove Rx) 
21 = 18 V, 1.5 W, 1N5931A or equivalent 
Z2 = 30 V, 1.5.W, 1N5936A 


Z3 = 4.7 V, 1/2 W, 1N750 

XR — muRata Erie CSB 500 kHz 
Resonator, or equivalent 

Piezo — PBL 5030BC Toko Buzzer 

or equivalent 


Motorola Inc. does not endorse or warrant the suppliers referenced. 
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MOTOROLA 
m= SEMICONDUCTOR SS NTE 
TECHNICAL DATA 


Advance Information 
ELECTRONIC 


ELECTRONIC TELEPHONE CIRCUIT TELEPHONE 


Provides All Basic Telephone Station Apparatus Functions in a CIRCUIT 
Single IC, Including DTMF Dialer, Tone Ringer, Speech Network 
and Line Voltage Regulator BIPOLAR LINEAR/IZL 
DTMF Generator Uses Low-Cost Ceramic Resonator wiih Accu- 
rate Frequency Synthesis Technique 
Tone Ringer Drives Piezoelectric Transducer and Satisfies EIA 
RS-470 Impedance Signature Requirements 
Speech Network Provides Two-Four Wire Conversion with 
Adjustable Sidetone Utilizing an Electret Transmitter 
On-Chip Regulator Insures Stable Operation Over Wide Range 
of Loop Lengths 
I2L Technology Provides Low 1.4 Volt Operation and High Static 
Discharge Immunity Sidhe Race 

44-PIN P SUFFIX 


Equalization Provided to Compensate for Long/Short Line PLCC PLASTIC PACKAGE 
Performance CASE 777-02 CASE 711-03 


FIGURE 1 — ELEMENTS OF THE ELECTRONIC TELEPHONE 


Hook Switch 
Les Sy 


Ceramic 
Resonator 


Receiver \7 MC34011A 


Electret 
Microphone 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS (Voltage References to V—) 


FIGURE 2 — PIN CONNECTIONS 


TRF. 
TRO 
TRI 
TRS 
TRC 
FB 
V+ 
BP 
LR 
LC 
y- 
VR 
CAL 
RXO 
RXI . 
RM 
STA 
TXO 
TXI 
TXL 


ANDO OaAFP WN = 


C1-C4 (Pins 5-8) . 


Operating Ambient Temperature Range -—20 to +60 
Storage Temperature Range —65 to +150 


GENERAL CIRCUIT DESCRIPTION 


Introduction 

The MC34011A Electronic Telephone Circuit (ETC) 
provide all the necessary elements of a tone dialing 
telephone in a single IC. The functional blocks of the 
ETC include the DTMF dialer, speech network, tone 
ringer, and dc line interface circuit (Figure 1). 

Low voltage operation is a necessity for telephones 
in networks where parallel telephone connections are 
common. An electronic speech network operating in 
parallel with a conventional telephone may receive line 
voltages below 2.5 volts. DTMF dialers operate at 
similarly low-line voltages when signaling through 
battery powered station carrier equipment. These low : (Top View) 
voltage requirements have been addressed by realizing 
the MC34011A in a bipolar/I2L technology with 
appropriate circuit techniques. The resulting speech and 
dialer circuits maintain specified performance with 
instantaneous input voltage as low as 1.4 volts. 


_ FIGURE 3 — DC LINE INTERFACE BLOCK DIAGRAM 


Line Voltage Regulator 
The dc line interface circuit (Figure 3) determines the 
dc input characteristic of the telephone. At low input 
voltages (less than 3 volts) the ETC draws only the 
speech and dialer bias currents through the VR 
regulator. As input voltage increases, Q1 conducts the 
Je excess dc line current through resistor R4. The 1.5 volt 
level shift prevents saturation of Q2 with telephone line 
signals up to 2.0 volts peak (+5.2 dBm). A constant 
current (dummy load) is switched off when the DTMF 
dialer is activated to reduce line current transients. 
Figure 4 illustrates the dc voltage/current characteristic 
of an MC34011A telephone. 


Voltage 
Regulator 


To Equalization 
Dummy Load EU 


From Dialer 
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GENERAL CIRCUIT DESCRIPTION (continued) 


FIGURE 4 — DC V-I CHARACTERISTIC OF THE ETC 
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Speech Network 

The speech network (Figure 5) provides the two-to- 
four wire interface between the telephone line and the 
instrument's transmitter and receiver. An electret mi- 
crophone biased from VR drives the transmit amplifier. 
For very loud talkers, the peak limiter circuit reduces 
the transmit input level to maintain low distortion. The 
transmit amplifier output signal is inverted at the STA 
terminal and driven through an external R-C network to 
control the receiver sidetone level. The switched ac re- 
sistance at the RM terminal reduces receiver signal 
when dialing and suppresses clicks due to hook or key- 


pad switch transitions. When transmitting, audio signal 
currents (iTxQ and irxXo) flow through the voltage reg- 
ulator pass transistor (T1) to drive the telephone line. 
This feature has two consequences: 1) In the transmit- 
ting mode the receiver sidetone current iRx©O contrib- 
utes to the total signal on the line along with itxo; 
2) The ac impedance of the telephone is determined by 
the receiver impedance and the voltage gain from the 
line to the receiver amplifier output. 


Equalization Circuit 

The equalization circuit varies the transmit, receive 
and sidetone gains with loop current to compensate for 
losses in long lines. The LR terminal voltage varies 
directly as the dc loop current. The equalization circuit 
senses this voltage and switches in external resistors 
between V+ and V— and across capacitor C6 (Figure 
5) when the loop current exceeds a threshold level. The 
speech network operates with full transmit, receive and 
sidetone gains for long loops. On short loops the LR 
voltage exceeds the threshold and these gains are 
reduced. The threshold detection circuit has a dc 
hysteresis to prevent distortion of speech signals when 
the telephone is operated at the threshold current. The 
equalization is disabled (gains at full value) during 
dialing. 


DTMF Dialer 

Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 6) when a row and 
column input are connected through a SPST keypad. 
The keypad interface is designed to function with 
contact resistances up to 1.0 kO and leakage resistances 
as low as 150 kQ.. Single tones may be initiated by 
depressing two keys in the same row or column. 


FIGURE 5 — SPEECH NETWORK BLOCK DIAGRAM 
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The programmable counters employ a novel design 
to produce non-integer frequency ratios. The various 
DTMF tones are synthesized with frequency division 


errors less than +0.16% (Table 1). Consequently an. 


inexpensive ceramic resonator can be used instead of 
a quartz crystal as the DTMF frequency reference. Total 


frequency error less than +0.8% can be achieved with 
+0.3% ceramic resonator. The row and column D/A 
converters produce 16-step approximations of sinu- 
soidal waveforms. Feedback through terminal FB 
reduces the DTMF output impedance to approximately 
2.0 kQ to satisfy return loss specifications. 


FIGURE 6 — DTMF DIALER BLOCK DIAGRAM 
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Tone Ringer 

The tone ringer (Figure 7) generates a warbling 
square wave output drive to a piezo sound element 
DTMF Tone Output when the ac line voltage exceeds a predetermined 
Standard | Frequency with % Deviation threshold level. The threshold detector uses a current 
(Hz) 500 kHz Oscillator | from Standard mode comparator to prevent on/off chatter when the 
Row 1 output current reduces the voltage available at the 
Row 2 ringer input. When the average current into the tone 
Row 3 ringer exceeds the threshold level, the ringer output 
Row 4 TRO commences driving the piezo transducer. This 
output current sourced from TRI increases the average 
current measured by the threshold detector. As a result, 
hysteresis is produced beween the tone ringer on and 
off thresholds. The output frequency at TRO alternates 
between f,/8 and f,/10 at a warble rate of fp/640, where 

fg is the ringer oscillator frequency. 


PIN DESCRIPTION 


(See Figure 38 for external component identifications.) 
PIN 


1-4 1-4 R1-R4 Keypad inputs for Rows 1 through 4. When open, internal 8.0 k© resistors pull up the row inputs 
to a regulated (~1.1 volt) supply. In normal operation, a row and a column input are connected 


through a SPST switch by the telephone keypad. Row inputs can also be activated by a Logic 
“0'" (<500 mV) from a microprocessor port. . 

7-10 | 5-8 C1-C4 

16,17 | CR1, CR2 


AGC 
MIC 


TABLE 1 — FREQUENCY SYNTHESIZER ERRORS 


Column 1 
Column 2 
Column 3 
Column 4 


Keypad inputs for Columns 1 through 4. When open, internal 8.0 kQ resistors pull down the 
column inputs to V—. In normal operation, connecting any column input to any row input 
produces the respective row and column DTMF tones. In addition to being connected to a row 
input, column inputs can be activated by a Logic “1” (>600 mV and <3.0 volt). 


No connection 


= 
L 


— 
~ 
= wo 
on I 
ory 
Ww 


Sidetone Equalization terminal connects an external resistor between the junction of R8, R9 and 
V—.At loop currents greater than the equalization threshold this resistor is switched in to reduce 
the sidetone level. The resistor is switched out during dialing. 


Voice Equalization terminal connects an external resistor between V+ and V—, for loop length 
equalization. At loop currents greater than the equalization threshold this resistor is switched 
in to reduce the transmit and receive gains. The resistor is switched out during dialing. 


18,19 Ceramic Resonator oscillator input and feedback terminals, respectively. The DTMF dialer is 
intended to operate with a 500 kHz ceramic resonator from which row and column tones are 


synthesized. 


NO 
io) 


Microphone Mute. The MM pin provides a means to mute the microphone and transmit amplifier 
in response to a digital control signal. When this pin is connected to a Logic “1” (>2.0 V) the 
microphone dc return path and the transmit amplifier output are disabled. 


Automatic Gain Control low-pass filter terminal. Capacitor C3 connected between AGC and VR 
sets the attack and decay time of the transmit limiter circuit. This capacitor also aids in reducing 
clicks in the receiver due to hook-switch transients and DTMF on/off transients. In conjunction 
with internal resistors, C3 (1.0 uF) forms a timer which mutes the receiver amplifier for 
approximately 20 milliseconds after the user goes off-hook or releases a DTMF Key. 


Microphone negative supply terminal. The dc current from the electret microphone is returned 
to V— through the MIC terminal which is connected to the collector of an on-chip NPN transistor. 
The base of this transistor is controlled either internally by the mute signal from the DTMF 
generator, or externally by the logic input pin MM. 


NO 
> 


= nH 
= 
ice) 


NO 


Transmit Input Limiter. An internal variable resistance element at the TXL terminal controls the 
transmitter input level to prevent clipping with high signal levels. Coupling capacitors C4 and 
C5 prevent dc current flow through TXL. The dynamic range of the transmit peak limiter is 
controlled by resistors R12 and R13. 


N 
o1 
N 


Transmit amplifier Input. TX! is the input to the transmit amplifier from an electret microphone. 
AC coupling capacitors allow the dc offset at TX! to be maintained approximately 0.6 V above 
V— by feedback through resistor R11 from TXO. 


Transmit Amplifier Output. The transmit amplifier output drives ac current through the voltage 
regulator pass-transistor T1 via resistor R10. The dc bias voltage at TXO is typically 0.6 volts 
above V—. The transmit amplifier gain is controlled by the R11/(R12 + R13) ratio. 


No 
[o>) 
NO 


NO 

NO 

NO —_ 
wo i) = oO ioe) 


(continued) 
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PIN DESCRIPTION (continued) 


SideTone Amplifier output: STA is the output of the sidetone inverter amplifier whose input is 
driven by the transmit signal at TXO. The inverted transmit signal from STA subtracts from the 
receiver amplifier input current from V+, thus reducing the receiver sidetone level. Since the 
transmitted signal at V+ is phase shifted with respect to TXO by the reactive impedance of the 
phone line, the signal from STA must be similarly phase-shifted in order to provide adequate 
sidetone reduction. This phase relationship between the transmit signal at TXO and the sidetone 
cancellation signal from STA is controlled by R8, R9, and C6. 


Receiver Amplifier Mute. A switched resistance at the RM terminal attenuates the receiver 
amplifier input signal produced by DTMF dialing tones at V +. RM also mutes clicks at the receiver 
which result from keypad or hook switch transitions. The ac resistance at RM is typically 540 0 
in the mute mode and 200 kf) otherwise. Coupling capacitors C7 and C8 prevent dc current flow 
through RM. 


Receiver Amplifier Input. RXI is the input terminal of the receiver amplifier which is driven by 
ac signals from V+ and STA. Input coupling capacitor C8 allows RXI to be biased approximately 
0.6 volts above the V— via feedback resistor R6. 


RO 
NRO 
& 
0 
x 


Receiver Amplifier Output. This terminal is connected to the open-collector NPN output transistor 
of the receiver amplifier. DC bias current for the output device is sourced through the receiver 
from VR. The bias voltage at RXO is typically 0.6 volts above the V—. Capacitor C10 from RXO 
to VR provides frequency compensation for the receiver amplifier. . 


Amplitude CALibration terminal for DTMF dialer. Resistor R14 from the CAL pin to V— controls 
the DTMF output signal level at Tip and Ring. 


—_ 
N 
% 
2) 
> 
i 


NO 


Voltage Regulator output terminal. VR is the output of a 1.1 volt voltage regulator which supplies 
power to the speech network amplifiers and DTMF generator during signaling. To improve 
regulator efficiency at low line current conditions, an external PNP pass-transistor T1 is used in 
the regulator circuit. Capacitor C9 frequency compensates the VR regulator to prevent oscillation. 


31 LC DC Load Capacitor. Capacitor C11 from LC to V— forms a low-pass filter which prevents the 
resistor at LR from loading ac speech and DTMF signals. 


DC Load Resistor. Resistor R4 from LR to V— determines the dc input resistance at Tip and Ring. 
This resistor is external not only to enable programming the dc resistance but also to avoid 
high on-chip power dissipation with short telephone lines. It acts as a shunt load conducting 
the excess dc line current. At low line voltages (<3.0 volts), no current flows through LR. 


WwW 
££ 


Ww 
oO 
x 
LN) 
i 
a 


Base of a PNP Pass-transistor. Under long-loop conditions where low line voltages would cause 
VR to fall below 1.1 volts, BP drives the PNP transistor T1 into saturation, thereby minimizing 
the voltage drop across the pass transistor. At line voltages which maintain VR above 1.1 volts, 
BP biases T1 in the linear region thereby regulating the VR voltage. Transistor T1 also couples 
the ac speech signals from the transmit amplifier to Tip and Ring at V+. 


wo 

Oo 
i. 

wo 


The more positive input to the regulator, speech, and DTMF sections connected to Tip and Ring 
through the polarity guard diode bridge. 


Ww Ww w w Ww 
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FeedBack terminal for DTMF output. Capacitor C14 connected from FB to V+ provides ac 
feedback to reduce the output impedance to Tip and Ring when tone dialing. 


ow 
ioe) 
Ww 
_ 
7 
w 


Tone Ringer oscillator Capacitor and resistor terminal. The relaxation oscillator frequency fg is 
set by resistor R3 and capacitor C13 connected from TRC to V—. Typically, fo = (R3C13 + 8.0 
ps)-'. . 

41 37 TRS © Tone Ringer Input Sense. TRS is the most positive input terminal of the tone ringer and the 
reference for the threshold detector. 


Tone Ringer Input terminal. TRI is the positive supply voltage terminal for tone ringer circuitry. 
Current is supplied to TRI through resistor R2. When the average voltage across R2 exceeds an 
internal reference voltage (typically 1.6 volts) the tone ringer output is enabled. 


Tone Ringer Output terminal. The frequency of the square wave output signal at TRO alternates — 
from fo/8 to fo/10 at a warble rate of fp/640. Typical output frequencies are 1000 Hz and 800 Hz 
with a 12.5 Hz warble rate. TRO sources or sinks up to 20 mA to produce an output voltage 
swing of 18 volts peak-to-peak across the piezo transducer. Tone ringer volume control can be 
implemented by a variable resistor in series with the piezo transducer. . 


Tone Ringer Input Filter capacitor terminal. Capacitor C16 connected from TRF to TRS forms a 
low-pass filter. This filter averages the signal across resistor R2 and presents this dc voltage to 
the input of the threshold detector. Line voltage transients are rejected if the duration is 
insufficient to charge C16 to 1.6 volts. 
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ELECTRICAL CHARACTERISTICS (Ta = 25°C) 


KEYPAD INTERFACE CIRCUIT 


Test 
Characteristic Method Symbol Min Typ 
Row Input Pullup Resistance 7 RRm 
mth Row Terminal: m = 1,2,3,4 
Column Input Pulldown Resistance Ren 11 kQ 
nth Column Terminal: n = 1,2,3,4 


Ratio of Row-to-Column Input Resistances 7&8 Km,n 0.88 1.0 1.12 — 
kK. = RRm, m= 1,2,3,4 
aM Ren n= 1,2,3,4 


Row Terminal Open Circuit Voltage VrRoc 1100 1200 
Row Threshold Voltage for mth» Vam | 0.70 VRoc Vde 
Row Terminal: m = 1,2,3,4 

Column Threshold Voltage for nth 10 VCn 0.30 VRoc Vdc 
Column Terminal: n = 1,2,3,4 


LINE VOLTAGE REGULATOR 


Voltage Regulator Output ; 


Change in IpjT with Change in V+ Voltage 


V+ Current in Speech Mode 
V+ =17V 
V+ = 5.0V 


LR Level Shift 
V+ = 5.0V,ILR = 10 mA 
V+ = 18V,ILR = 110 mA 


Load Regulation 
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ELECTRICAL CHARACTERISTICS (continued) 


SPEECH NETWORK 


3 Test 
Characteristic Method 


MIC Terminal Saturation Voltage 


MIC Terminal Leakage Current 


MM Terminal Input Resistance 
TXO Terminal Bias 


NO 
NO 
o-| 2 

oO 


—_ 
00 
° 


Column Tone Frequency Column 1 
Column 2 
Column 3 
Column 4 


DTMF Distortion 
DTMF Output Resistance 


EV Terminal ON Resistance 
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ELECTRICAL CHARACTERISTICS (continued) 


TONE RINGER 


Test 
Characteristic Method 


TRI Terminal Voltage 


TRS Terminal Input Current 
VTRS = 24 volts 
VTRS = 30 volts 


TRF Threshold Voltage 
TRF Threshold Hysteresis 


Low Tone Frequency a ca 736 800 


+ 
ae 100 pF 
aa 
7 oe 


Notes: 

1. *Selected ceramic resonator: 500 kHz + 2.0 kHz. 
2. Capacitances in uF unless noted. 

3. All resistances in ohms. 

4. Pin numbers in this Figure and in Test Circuits are for the DIP package. 
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FIGURE 9 — TEST ONE 


General 
Test 
Circuit 


a. Measure Vr with Vs = 1.7 V 
1.7V 
c. Measure Isp with Vs = 5.0 V 


b. Measure Isp with Vs 


| 


FIGURE 10 — TEST TWO 


General 
Test 
Circuit 


a. Measure IpT with Vs = 11.5 V 
b. Measure IpT with Vs = 26 V. Calculate 
Alpt = '!pt| - 'ptT| 
26 V 11.5 V 


FIGURE 11 — TEST THREE 


+ 
Jem 


General 
Test 
Circuit 


With S7 open measure ITR. Close S1 and again measure 
ITR- Calculate: 


AltR = ITR EB IrR| ' 
1 1 


Closed Open 


FIGURE 12 — TEST FOUR 


General 
Test 
Circuit 


a. Set Vs = 5.0 V and ILR = 10 mA. Measure VLR. 
Calculate AVLR = Vs — VLR 


b. Repeat Test 4a with Vg = 18 V and ILR = 110 mA 
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FIGURE 13 — TEST FIVE 


General 
Test 
Circuit 


With Sj open measure Vic. 
Close S; and measure I, ¢. 
Calculate: 

5.0-Vic 


RLC = lie 


FIGURE 14 — TEST SIX 


General 
Test 
Circuit 


Set Ipp = 0.0 uA and measure Vp. 
Set Ipp = 150 nA and measure Vr. Calculate: 
AVR = VR| — VR 


0.0 pA 150: uA 


FIGURE 15 — TEST SEVEN 


$4 


General 
Test 
Circuit 


Subscript m corresponds to row number. 


a. Set S; to Terminal 2 and measure voltage at Terminal 1 
(VROC). 

b. Set Sj to Terminal 1 (m = 1) and measure |p 4. Calculate: 
Rr1 = VRoc ~ !R1 

c,d,e. Repeat Test 7b for m = 2,3,4. 


FIGURE 16 — TEST EIGHT 


General 
Test 
Circuit 


4 
as V 


Subscript n corresponds to column number. 


a. Set Sq to Terminal 5 (n = 1) and measure Ic}. Calculate: 
Rci = 1.0 V + Ic} 
b,c,d. Repeat Test 8a for n = 2,3,4. 
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FIGURE 17 — TEST NINE 


$4 
+ 
General | 5.0 V 
Test — 
— Circuit 


m corresponds to row number. 


. Set Sq to Terminal 1(m = 1) with Vz = 1.0 Vdc. Verify 


Vaic is Low (Viyic < 0.3 Vdc). Decrease V1to 0.70 Vaoc 


and verify Vic switches high. (Vayic > 0.5 Vde). VRoc 
is obtained from Test.7a. 


b,c,d. Repeat Test 9a for rows 2,3, and 4. (m = 2,3,4) 


FIGURE 18 — TEST TEN 


General 
Test 
Circuit 


n corresponds to column number. 


a. Set S; to Terminal 5 (n = 1) with Vz = 0 Vdc. Verify 
VMIc is low (Vic < 0.3 Vdc). increase V1 to 0.30 Vraoc 
and verify Vic switches high, (Vic > 0.5 Vde). VRoc 
is obtained from Test 7a. | 


b,c,d. Repeat Test 10a for columns 2,3, and 4. (n = 2,3,4) 


FIGURE 19 — TEST ELEVEN 


600 


General 
Test 
Circuit 


m corresponds to row number. 
n corresponds to column number. 


. With V1 = 0.0 V set S; to Terminal 1 (m = 1) and 


measure frequency of tone at V+. 


. Repeat Test 11a for rows 2,3 and 4.(m = 2,3,4). 
. With V1 = 1.0 V set Sq to Terminal 5. (n = 1) and 


measure frequency of tone at V+. 


d. Repeat Test for columns 2,3, and 4. (n = 2,3,4). 
. Set S1 to Terminal 4 and V1 = 0.0 V. Measure row tone 


amplitude at V+ (VRogw). 


. Set S71 to Terminal 8 and V1 = 1.0 V. Measure column 


tone amplitude at V+. (VCOL). 


. Using results of Tests 11e and 11f, calculate: 


Vco 
dBcr = 20 logi9 VaDW 
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FIGURE 20 — TEST TWELVE FIGURE 21 — TEST THIRTEEN 


General General 
Test = Test 
Circuit 940 Hz = Circuit 


Notch Filter 
1209 Hz 


Notch Filter 
v4 
10 kHz Single 
Pole LPF 
Note: The notch filters must have 50 dB attenuation at their Measure Is at V; = 1.8V and Vy = 28V. 
respective center frequencies. 
Calculate: . 
Measure V+ and Vj with a true rms voltmeter. Calculate: Ro = 1.0 V “fs is| | 
Vi(rms) 28V ‘1.8V 
% DIS = ————. x 
V+ (rms) 


FIGURE 22 — TEST FOURTEEN FIGURE 23 — TEST FIFTEEN 


VTRI 
General General a 
Test Test 20 V 
Circuit Circuit 
a. Measure ltrs with V7 = 24 V. 
Set | = 1.0 mA and measure VTR}. | b. Measure Ips with V1 = 30 V. 
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FIGURE 24 — TEST SIXTEEN FIGURE 25 — TEST SEVENTEEN 


ITRF 


O VTRO 


General 
Test 
Circuit 


General. 
Test 
Circuit 


oe + 
a 


a. Increase Vy from 21 V until V~TRO switches on. Note that 
VTRO will be an 16 Vpp square wave. Record this value Measure ITpF. Calculate: RtRF = 1.0 + ITRF. 
of V1. Calculate: 


VTRF = Vi — 20 V 
b. Decrease V1 from its setting in Test 16a until VTRO 
ceases switching. Record this value of V1. Calculate: 


AVTRF = V1] — v4] 


Test Test 


16a 16b 


FIGURE 26 — TEST EIGHTEEN 


a - fw 
— | ) 


| VDD 
110 k 
0.01 uF _ 
200 k 
VbD 
‘ 2 = 
General 3 ; ee (eae 
Test + ; ok 
Circuit 20 V 5 _—: 0.01 pF 
ale 6 
- 7 
8 


fH 

1/41C1 }O CO) 

IC1 — MC14011B fL 
IC2 — MC14538B 1.33 

1/41C1 }O O 


Measure the frequencies fy, fy, fL. — 
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FIGURE 27 — TEST NINETEEN 


VTRO 


General 
Test 
Circuit 


Measure VTRo peak-to-peak voltage swing. 
Using VTR} from Test 14 Calculate: 


Vo(p-p) = VTRI — 20 V + VTRO 


FIGURE 28 — TEST TWENTY 


General 
Test 
Circuit 


Measure Vyic 


FIGURE 29 — TEST TWENTY-ONE 


General 
Test 
Circuit 


+ 
aie V 


Imic 20 


+ + 
aie pe, OV 


a. Set V1 


b. Set Vi = 5.0 V and measure |p. 
Calculate: Rum = 5.0 V = Imm 


i 


2.0 V and measure IMICc. 


FIGURE 30 — TEST TWENTY-TWO 


General 
Test 
Circuit 


a. With S1 open, measure VTxo. Using VR obtained in Test 
1 Calculate: Btxo = VTxO = VR 

b. With S1 open, measure V7Txo and VT x). Calculate: 
Itx1 = (Vtxo — VTx}) + 200 kO 

c. Close S1 and set | = ~—10 uA. Measure Vrxo. Calculate: 
VTxo(+) = VR -— VTxo where Vp is obtained from 
Test 1. 

d. Close S1 and set! = +10 wA. Measure VTxo. 
VTxol—) = VTxo- 
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FIGURE 31 — TEST TWENTY-THREE 


he es 5.0 V 
General Txo | 

' Test — . 

Circuit 


a. Set the generator for vj = 3.0 mMVrmsg. Measure ac 
voltage VTx¢. Calculate: 
VTXO 
Vj 
b. Measure ac voltage Vsta. Using VTxo from Test 23a 
calculate: 
_ VSTA 
VTXO 


GTx = 


GSTA 


FIGURE 32 — TEST TWENTY-FOUR . 


General 


Test 
Circuit 


Measure IsTa. 


FIGURE 33 — TEST TWENTY-FIVE 


General 
Test 
Circuit 


a. With S1 open, measure Vrxoc. Using Ve ebinined in ee 
1, calculate: BRxO = VRXO = VR: 

b. With S; open, measure Vpaxo and VRyxj. Calculate: 
IRx! = (VRxo — Vrx1) + 100 kO 

c. Close S; and set | = —10 wA. Measure Vrxoc. Using VR 
obtained in Test 1, calculate: VRxo (+) = VR —- VRxo. 

d. Close S; and set! = +10 wA and measure V_xo. 
VRxO(—) = VRXO- 


FIGURE 34 — TEST TWENTY-SIX. . 


‘General 
Test 
Circuit 


a. Set S1 to position A with S2 open. Measure IT XL. 
Calculate: Rtx_ (OFF) = 0.4V + ITXL- 


b. Set S; to position B and close S2. Measure ac voltages Vv; 
and VTx_. Calculate: 


VT 
Rrxt (ON) = Fave Et ko 
er ~VTXL 
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FIGURE 35 — TEST TWENTY-SEVEN 


Note: Tests 28-33 intentionally 


omitted. 
aes 


General 


Test tke 
Circuit vA aay 
P ~~ 
10 kO 


1.0 kHz | 
a. With S2 open and Sj in position 


A measure IRM@. 
Calculate: RRM(OFF)=0.4 V = IRM 


b. Close Sz and switch Sj to position B. Measure ac 
voltages vj and Vay. 
Calculate: 


_ _VRM 
RRMI(ON) = a= Nan x 10 kO 


FIGURE 36 — TEST THIRTY-FOUR FIGURE 37 — TEST THIRTY-FIVE 


General 
Test 
Circuit 


General 
Test 
Circuit 


B 
IES 
= VEV 600 0 
T “3 
U 
= Ves = —_ 
Vj 
a. Set V1 = 0 V. Measure Igs. Calculate R (OFF) = 0.4 + 0.1 pF 
lES. 
b. Increase V1 until Veg SWITCHES low (<200 mV). Mea- 3.0 Vims 
sure V1. VE = V4. @ 1.0 kHz 
c. Decrease V1 from the value in Test 34b until VES switches = = 


high (>200 mV). Measure V1. Calculate AVe = V1 — V4 


a. With Sj in position A set V7 = 2.0 V. Measure Igy Calcu- 
late REy(OFF) = 0.4 = ley. 


Test 34c b. Set V1 = 5.0 V and Set Sj to position B. Measure vj and 
vey. Calculate 


Test 34b 


v 
ReyiON) = ——Y 
Vi — VEV 


x 600 2 
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APPLICATIONS INFORMATION 


Figure 38 specifies a typical application circuit for the 
MC34011A. Complete listings of external components 
are provided at the end of this section along with 
nominal component values. 

The hook switch and polarity guard bridge 
configuration is one of several options. If two bridges 
are used, one for the tone ringer and the other for 
speech and dialer circuits, then the hook switch can be 
simplified. Component values should be varied to 
optimize telephone performance parameters for each 
application. The relationships between the application 
circuit components and certain telephone parameters 
are briefly described in the following: 


On-Hook Input Impedance 

Ri, C17, and Z3 are the significant components for 
on-hook impedance. C17 dominates at low frequencies, 
R1 at high frequencies and Z3 provides the non-linearity 
required for 2.5 V and 10 V impedance signature tests. 
C17 must generally be < 1.0 uF to satisfy 5.0 Hz 
impedance specifications. (EIA RS-470) 


Tone Ringer Output Frequencies 

R3 and C13 control the frequency (fo) of a relaxation 
oscillator. Typically fg = (R3C13 + 8.0 us)~ 1. The 
output tone frequencies are f9/10 and fo/8. The warble 
rate is fg/640. The tone ringer will operate with fo from 
1.0 kHz to 10 kHz. R3 should be limited to values 
between 150 k and 300 k. 


_Tone Ringer Input Threshold 

After R1, C17, and Z3 are chosen to satisfy on-hook 
impedance specifications, R2 is chosen for the desired 
ring start threshold. Increasing R2 reduces the ac input 
voltage required to activate the tone ringer output. R2 
should be limited to values between 0.8 k and 2.0 kQ. 


Off-Hook DC Resistance 

R4 conducts the dc line current in excess of the speech 
and dialer bias current. Increasing R4 increases the 
input resistance of the telephone for line currents above 
10 mA. R4 should be selected between 30 2 and 120 ©. 


Off-Hook AC Impedance 

The ac input impedance is equal to the receive 
amplifier load impedance (at RXO) divided by the 
receive amplifier gain (voltage gain from V+ to RXO). 
Increasing the impedance of the receiver increases the 
impedance of the telephone. Increasing the gain of the 


receiver amplifier decreases the impedance of the 
telephone. | 


DTMF Output Amplitude 

R14 controls the amplitude of the row and column 
DTMF tones. Decreasing R14 increases the level of tones 
generated at V+. The ratio of the row and column tone 
amplitudes is internally fixed. R14 should be greater 
than 20 2 to avoid excessive current in the DTMF output 
amplifier. 7 


Transmit Output Level 

R10 controls the maximum signal amplitude 
produced at V+ by the transmit amplifier. Decreasing 
R10 increases the transmit output signal at V+. R10 
should be greater than 220 (2 to limit current in the 
transmit amplifier output. 


Transmit Gain . 

The gain from the microphone to the telephone line 
varies directly with R11. Increasing R11 increases the 
signal applied to R10 and the ac current driven through 
R10 to the telephone line. The closed loop-gain from 
the microphone to the TXO terminal should be greater 
than 10 to prevent transmit amplifier oscillations. 


Note: Adjustments to transmit level and gain are 
complicated by the addition of receiver sidetone 
current to the transmit amplifier output current 
at V+. Normally the sidetone current from the 
receiver will increase the transmit signal (if the 
current in the receiver is in phase with that in 
R10). Thus the transmit gain and sidetone levels 
cannot be adjusted independently. 


Receiver Gain 

Feedback resistor R6 adjusts the gain at the receiver 
amplifier. Increasing R6 increases the receiver amplifier 
gain. 


Sidetone Level 

Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R9 and R5. R8, R15, 
and C6 determine the phase of the sidetone balance 
signal in R9. The ac voltage at the junction of R8 and 
R9 should be 180° out of phase with the voltage at V+. 
RQ is selected such that the signal current in RQ is 
slightly greater than that in R5. This insures that the 
sidetone current in the receiver adds to the transmit 
amplifier output current. 
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Equalization of Speech Network 

Resistors R17 and R18 are switched into the circuit 
when the voltage at the LR terminal exceeds the 
equalization threshold voltage (typically 1.65 V). R17 
reduces the transmit and receive gains for loop currents 
greater than the threshold (short loops) by attenuating 
signals at tip and ring. R18 reduces the sidetone level 
which would otherwise increase when R17 is switched 
into the circuit. The voltage VR at LR terminal is given 
by 

VLR = (IL — Is) x R4. 

where |, = loop current 

Is = dummy load current (6.0 mA) + speech 
network current (4.0 mA). 


Thus resistor R4 is selected to activate the 
equalization circuit at the desired loop current. 
However, R4 must be selected keeping in mind the fact 
that it also controls the dc resistance of the telephone. 
Capacitors C18 and C19 prevent dc current flow into the 
EV and ES terminals. This reduces clicks and also 
prevents changes in the dc characteristic of the 
telephone when the EV and ES terminals are switched 
to low impedance. 


FIGURE 38 — ELECTRONIC TELEPHONE APPLICATION CIRCUIT 


DTMF Pad 
Row-Column Switch Closure 


$1, S2 controlled 
by hook switch; Illustrated 
in “on-hook” 
condition. 


R18 
R17 


C18 


Piezo Sound Element 


Receiver 
300 0 


Electret 
Microphone 


*Ry used with 
2-terminal mike only. 
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EXTERNAL COMPONENTS 
(Component Labels Referenced to Figure 38) 


Nominal | — 
Capacitors - Value Description 
,C2 |. 100pF | 

1.0 uF, 3.0 V 


0.1 uF 


Ceramic Resonator oscillator capacitors. 7 
Transmit limiter low-pass filter capacitor: controls attack and decay time. of transmit peak limiter. 


Transmit amplifier input capacitors: prevent dc current flow into TXL pin and attenuate low-frequency 
noise on microphone lead. 


Sidetone network capacitor: provides phase-shift in sidetone path to match that caused by telephone 
line reactance. 


Receiver amplifier input capacitors: prevent dc current flow into RM terminal and attenuates low frequency 
noise on the telephone line. 


0.05 uF 


0.05 uF 


2.2 pF, 3.0 V 
0.01 uF 

0.1 uF 
0.01 uF 


VR regulator capacitor: frequency compensates the VR regulator to prevent oscillation. 
Receiver amplifier output capacitor: frequency compensates the receiver amplifier to prevent oscillation. 
DC load filter capacitor: prevents the dc load circuit from attenuating ac signals on V+. 


Telephone line bypass capacitor: terminates telephone line for high frequency signals and prevents 
oscillation in the VR regulator. 


620 pF 
0.1 uF 


Tone ringer oscillator capacitor: determines clock frequency for tone and warble frequency synthesizers. 


DTMF output feedback capacitor: ac couples feedback around the DTMF output amplifier which reduces 
output impedance. 


4.7 uF, 25 V Tone ringer input capacitor: filters the rectified tone ringer input signal to smooth the supply pee 


for oscillator and output buffer. 


Tone ringer filter capacitor: integrates the voltage from current sense resistor R2 at the input of the 
threshold detector. 


1.0 pF, 10 V 


Tone ringer line capacitor: ac couples the tone ringer to the telephone line: partially controls the on- 
hook input impedance of telephone. 


1.0 uF, 250 Vac 
Non-polarized 


25 pF, 25 V 
5.0 pF, 3.0 V 


Speech equalization coupling capacitor. Prevents dc current flow into EV terminal. (optional) 
Sidetone equalization coupling capacitor. Prevents dc current flow into ES terminal. (optional) 


Nominal 
Value Description 


6.8 k Tone ringer input resistor: limits current into the tone ringer from transients on the telephone line and 
partially controls the on-hook impedance of the telephone. 


Tone ringer current sense resistor: produces a voltage at the input of the threshold detector in proportion 
to the tone ringer input current. 


1.8k 


200 k 
82, 1.0 W 


Tone ringer oscillator resistor: determines the clock frequency for tone and warble frequency synthesizers. 


DC load resistor: conducts all dc line current in excess of the current required for speech or dialing 
Circuits; controls the off-hook dc resistance of the telephone. 


Receiver amplifier input resistors: couple ac input signals from the telephone line to the receiver amplifier; 
signal in R5 subtracts from that in R9 to reduce sidetone in receiver: 


Receiver amplifier feedback resistor: controls the gain of the receiver amplifier. 


150 k, 56 k 


R6 
R8, R9 


200 k 
1.5 k, 30 k 


Sidetone network resistors: drive receiver amplifier input with the inverted output signal from the trans- 
mitter; phase of signal in R9 should be opposite that in R5. 


Transmit amplifier load resistor: converts output voltage of transmit amplifier into a current that drives 
the telephone line; controls the maximum transmit level. 


Transmit amplifier feedback resistor: controls the gain of the transmit amplifier. 


Transmit amplifier input resistors: couple signal from microphone to transmit amplifier; control the dynamic 
range of the transmit peak limiter. 


DTMF calibration resistor: controls the output amplitude of the DTMF dialer. 
Sidetone network resistor (optional): reduces phase shift in sidetone network at high frequencies. 


R10 270 


R11 
R12, R13 


200 k 
4.7 k, 4.7 k 


R14 
R15 
R17 
R18 
Rx 


36 


Speech equalization resistor. Reduces transmit and receive gain when EV terminal switches on. (optional) 


Sidetone equalization resistor. Reduces sidetone level when ES terminal switches on. (optional) 


Microphone bias resistor: sources current from VR to power a 2-terminal electret microphone; Rx is not 
used with 3-terminal microphones. 
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EXTERNAL COMPONENTS (continued) 


Semiconductors | Electret Mic Receiver 


B1 = MDAI101A, or equivalent, 2 Terminal, Primo EM-95 (Use Rx) Primo Model DH-34 (300 ©) or equivalent 
or 4-1N4005 or equivalent 

T1 = 2N4126 or equivalent 3 Terminal, Primo 07A181P (Remove Rx) 

Z1 = 18 V, 1.5 W, 1N5931A or equivalent 

Z2 = 30 V, 1.5 W, 1N5936A 

Z3 = 4.7 V, 1/2 W, 1N750 

XR — muRata Erie CSB 500 kHz 
Resonator, or equivalent 


Piezo — PBL 5030BC Toko Buzzer 
or equivalent 


Motorola Inc. does not endorse or warrant the suppliers referenced. 
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MOTOROLA | | | 
as SEMICONDUCTOR se 
TECHNICAL DATA 


MC34012-1 
'MC34012-2 
MC34012-3 


Advance Information 
- TELEPHONE 


TELEPHONE TONE RINGER | TONE RINGER 


Complete Telephone Bell Replacement Circuit with Minimum 
External Components BIPOLAR LINEAR /I2L 


@ On-Chip Diode Bridge and Transient Protection 


Direct Drive for Piezoelectric Transducers 


@ Base Frequency Options—MC34012-1: 1.0 kHz 
MC34012-2: 2.0 kHz 
MC34012-3: 500 Hz 


@® Input Impedance Signature Meets Bell and EIA Standards 


Rejects Rotary Dial Transients 


PLASTIC PACKAGE 
CASE 626 


APPLICATION CIRCUIT 


Piezo Sound 
Element 


MC34012-1: C = 1000 pF 
MC34012-2: C= 500 pF 
MC34012-3: C = 2000 pF 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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APPLICATION CIRCUIT PERFORMANCE 


Output Tone Frequencies 
MC34012-1 832/1040 
MC34012-2 1664/2080 


MC34012-3 416/520 
Warble Frequency 


Output Voltage 20 Vp-p 
(V| = 60 Vrms, 20 Hz) 
50 % 


Ouipui Duty Cycie 


Impedance When Ringing 
Vi = =40 Vrms: 15 Hz 
Vi = 130 Vrms, 23 Hz 


Impedance When Not Ringing 
Vi =10Vems, 24 Hz 28 ko, 
Vi = 2.5 Vrms, 24 Hz >1.0 MQ 
Vi = 10 Vems, 5.0 Hz 55 a 
V| = 3.0 Vrms, 200-3200 Hz _ >1.0 


Maximum Transient Input Voltage 1500 
(T < 2.0 ms) 


PIN DESCRIPTIONS 


Description 


The input terminals to the full-wave diode bridge. The ac ringing signal from the telephone line 
energizes the ringer through this bridge. 


The positive output of diode bridge to which an external current sense resistor is connected. 
The positive supply terminal for the oscillator, frequency divider and output buffer circuits. 


The terminal for the filter capacitor used in detection of ringing input signals. 


The tone ringer output terminal through which the sound element is driven. 


The negative output of the diode bridge and the negative supply terminal of the tone generating 
circuitry. 


The oscillator terminal for the external resistor and capacitor which control the tone ringer 
frequencies. 
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ELECTRICAL CHARACTERISTICS (Ta = 25°C) 


Ringing Start Voltage 
(VStart = Vi @ Ring Start) 
di | VStart(+) 
ae Vstart(-) 


Ringing Stop Voltage 
(VStop = Vi @ Ring Stop) 
MC34012-1 
MC34012-2 
MC34012-3 
Output Frequencies (V; = 50 V) 
MC34012-1 High Tone 
Low Tone 
Warble Tone 


MC34012-2 High Tone 
Low Tone 


Warble Tone 
MC34012-3 High Tone 
Low Tone 
Warble Tone 
Output Voltage (Vj = 50 V) 
Output Short-Circuit Current 
Input Diode Voitage 
(ly = 1.0 mA) 
Input Voltage—SCR Off 
(ly = 30 mA) 
Input Voltage—SCR On 
(lj = 100 mA) 


Threshold Filter Resistance 
Ree = 2.0 V/IpF 


BLOCK DIAGRAM: 
C3 


R3 C4 


Tip >—w4 ce | 
| | 
-_ | 
Ri } 
oe AC2 | 
| SCR 22V Threshold | 
| Transient Comparator | 
| Clamp | 
| ~ | 
| = | 
| Tone | 
| Oscillator Frequency ! 
| Divider | + | 7 RO 
Output Buffer | Piezo 
C2 af | Lt sound 
Warble | Element 
ik Frequency Divider RG = | \/ 
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CIRCUIT DESCRIPTION 


The MC34012 Tone Ringer derives its power supply by 
rectifying the ac ringing signal. It uses this power to 
activate a tone generator and drive a piezo-ceramic 
transducer. The tone generation circuitry includes a 
relaxation oscillator and frequency dividers which 
produce high and low frequency tones as well as the 
tone warble frequency. The relaxation oscillator fre- 
quency fo is set by resistor R2 and capacitor C2 
connected to pin RC. The oscillator will operate with fo 
from 1.0 kHz to 10 kHz with the proper choice of external 
components (See Figure 1). 

The frequency of the tone ringer output signal at pin 
RO alternates between fo9/4 to fo/5. The warble rate at 
which the frequency changes is f9/320 for the 
MC34012-1, f9/640 for the MC34012-2, or f9/160 for 
the MC34012-3. With a 4.0 kHz oscillator frequency, the 
MC34012-1 produces 800 Hz and 1000 Hz tones with a 
12.5 Hz warble rate. The MC34012-2 generates 1600 Hz 
and 2000 Hz tones with a similar 12.5 Hz warble 
frequency from an 8.0 Hz oscillator frequency. The 
MC34012-3 will produce 400 Hz and 500 Hz tones with 
a 12.5 Hz warble rate from a 2.0 kHz oscillator frequency. 
The tone ringer output circuit can source or sink 20 mA 
with an output voltage swing of 20 volts peak-to-peak. 
Volume control is readily implemented by adding a 
variable resistance in series with the piezo transducer. 

Input signal detection circuitry activates the tone 
ringer output when the ac line voltage exceeds 
programmed threshold level. Resistor R3 determines the 
ringing signal amplitude at which an output signal will 
be generated at RO. The ac ringing signal is rectified by 
the internal diode bridge. The rectified input signal 


FIGURE 1 — OSCILLATOR PERIOD (1/f)) versus 
OSCILLATOR R2 C2 PRODUCT 


R2C2 (us) 


produces a Current through R3 which is input at terminal 
Ri. The voltage across resistor R3 is filtered by capacitor 
C3 at the input to the threshold circuit. When the voltage 
on capacitor C3 exceeds 1.7 volts, the threshold com- 
parator enables the tone ringer output. Line transients 
produced by pulse dialing telephones do not charge 
capacitor C3 sufficiently to activate the tone ringer 
output. 

Capacitors C1 and C4 and resistor R1 determine the 
10 volt, 24 Hz signature test impedance. C4 also provides 
filtering for the output stage power supply to prevent 
droop in the square wave output signal. Six diodes in 
series with the rectifying bridge provide the necessary 
non-linearity for the 2.5 volt, 24 Hz signature tests. 

An internal shunt voltage regulator between the RI 
and RG terminals provides dc voltage to power output 
stage, oscillator, and frequency dividers. The dc voltage 
at Rl is limited to approximately 22 volts in regulation. To 
protect the IC from telephone line transients, an SCR is 
triggered when the regulator current exceeds 50 mA. 
The SCR diverts current from the shunt regulator and 
reduces the power dissipation within the IC. 


C1 
(Range: 0.4 uF to 2.0 pF). 


R Oscillator resistor. 
(Range: 150 kf to 300 kN). 
Cc Oscillator capacitor. 
(Range: 400 pF to 2000 pF). 


Input current sense resistor. R3 controls the 
ringing threshold voltage. Increasing R3 
decreases the ring-start voltage. 

(Range: 0.8 kfO to 2.0 kQ). 


Ringing threshold filter capacitor. C3 filters the 
ac voltage across R3 at the input of the ringing 
threshold comparator. It also provides dialer 
transient rejection. 

(Range: 0.5 uF to 5.0 pF). 


Ringer supply capacitor. C4 filters supply 
voltage for the tone generating circuits. It also 
provides an ac current path for the 10 Vrms 
ringer signature impedance. 

(Range: 1.0 uF to 10 pF). 


EXTERNAL COMPONENTS 


Line input resistor. R1 controls the tone 
ringer input impedance. !t also influences 
ringing threshold voltage and limits current 
from line transients. 

(Range: 2.0 kQ to 10 kQ). 


Line input capacitor. C1 ac couples the tone 
ringer to the telephone line and controls 
ringer input impedance at low frequencies. 


2 
2 
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FIGURE 2 — TEST ONE 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 


Vo 


S1 


. Increase V| from +30 volts while monitoring 
(Normally open) 


Vo: VStart(+) equals Vj when Vo commences 

0.1 pF switching. 

. Decrease V; from -30 volts while monitoring 
51k Vo. VStartl-) equals Vj when Vo commences 
switching. 

. Decrease V| from +40 volts while monitoring 
Vo- VStop equals Vj when Vo ceases 
switching. 

. Set Vj to +50 volts. Close S1. Measure 
frequencies fy, fL, and fw. 


IC1—MC14011B 
IC2—MC14538B 
Vpp = 12V 


MC34012-1: R=110kn* 
*Indicates 1% tolerance MC34012-2: R= 55 kn* 
(5% otherwise) MC34012-3: R=110kn* 
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FIGURE 3 — TEST TWO 


2.0k 
ee ale, 
Vv = With Vac = 3.5 volts, close $1. Measure the 
RC ie current at Pin 4 (191). Repeatedly switch Vac 
~~ between 3.5 volts and 0 volts until Pin 4 current 


changes polarity. Measure this opposite polarity 


12V 
| | current (IQ). 


Calculate: 


10V i 
al lo=llo1l +1 toa! 


MC34012-1: C = 1000 pF* 
MC34012-2: C = 500 pF* 
MC34012-3: C = 1000 pF* 


*Indicates 1% tolerance (5% otherwise) 


FIGURE 4 — TEST THREE 


Measure voltage at Pin 2. 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 


*Indicates 1% tolerance (5% otherwise) 
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FIGURE 5 — TEST FOUR 


a. Set lj to 30 mA. Measure voltage at Pin 2 
(Voff)- . 
b. Set lj to 100 mA. Measure voltage at Pin 2 
0.01 uF (Von). 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 


*Indicates 1% tolerance (5% otherwise) 


FIGURE 6 — TEST FIVE 


Measure current into Pin 7 (IpF). 
Calculate: 


Ref = 2 volts + IRF 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 
*Indicates 1% tolerance (5% otherwise) 
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FIGURE 7 — TEST SIX 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 


With VRc = 3.5 volts, close $1. Set Vj to 50 
volts. Measure dc voltage at Pin 4 (Vo}). 
Repeatedly change Vrc between 3.5 volts and 
0 volts until Pin 4 changes state. Measure the 
new voltage ai Pin 4 (Vo9). 

Calculate the peak-to-peak output voltage: 


VOp-p =| Vo2 -Vo1| 


*Indicates 1% tolerance (5% otherwise) 
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MOTOROLA 
ma SEMICONDUCTOR [a aT EIEN 
TECHNICAL DATA 


SPEECH NETWORK 


TELEPHONE SPEECH NETWORK AND TONE DIALER AND ~ 
TONE DIALER 


Linear/l2L Technology Provides Low 1.4 Volt Operation in Both 
Speech and Dialing Modes 

Speech Network Provides 2—4 Wire Conversion with Adjustable 
Sidetone Utilizing an Electret Microphone 


BIPOLAR LINEAR/I2L 


DTMF Generator Uses Low-Cost Ceramic Resonator with Ac- 
curate Frequency Synthesis Technique 


On-Chip Regulator Insures Stable Operation Over Wide Range 
of Loop Lengths 


Dialer Mutes Speech Network with Internal Delay for Click 
Suppression on DTMF Key Release 


28-PIN P SUFFIX 
QUAD PACK PLASTIC PACKAGE 
CASE 776-02 CASE 710-02 


FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM 


Ceramic 
Resonator 


MC34013A 


(Tones) 


Voltage 
Regulator 


Speech 
Network 


Electret 
Microphone 
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MAXIMUM RATINGS (Voltage References to V—) 


R1—R4 Terminal Current (Pins 1—4) 


C1-C4 (Pins 5-8) 


Storage Temperature Range 


GENERAL CIRCUIT DESCRIPTION 


The MC34013A Electronic Speech Network and Tone 
Dialer provides a frequency synthesizer for DTMF di- 
aling, analog amplifiers for speech transmission and a 
dc line interface circuit that terminates the telephone 
line. When mated with the MC34012 Tone Ringer, a 
complete tone dialing telephone can be produced with 
just two ICs. 

Low voltage operation is a necessity for telephones 
in networks where parallel telephone connections are 
common. An electronic speech network operating in 
parallel with a conventional telephone may receive line 
voltages below 2.5 volts. DTMF dialers operate at sim- 
ilarly low-line voltages when signaling through battery 
powered station carrier equipment. These low voltage 
requirements have been addressed by realizing the 
MC34013A in a bipolar/I2L technology with appropriate 
circuit techniques. The resulting speech and dialer cir- 
cuits maintain specified performance with instanta- 
neous input voltage as low as 1.4 volts. 


Line Voltage Regulator 

The dc line interface circuit (Figure 2) determines the 
dc input characteristic of the telephone. At low input 
voltages (less than 3 volts) the IC draws only the speech 


FIGURE 2 — DC LINE INTERFACE BLOCK DIAGRAM 


Dummy Load 


From Dialer 


TS aameter | Va Ut 
Wi Terminal otage Pin26) —SSCS~dtC Tw =n 
[WiTerminal Voltage Fin 22) —SSCS*~C~*~‘dt Ct | 
“RXO Terminal Votage Pin26)—SSCS~*~dtC =P 


Operating Ambient Temperature Range —20 to +60 


—65 to +150 


Line Voltage, Excluding 


PIN CONNECTIONS 


R1 FB 


: 
¥ R21 2 Lc 
y R3[] 3 V+ 
V R4 4 BP 
A ci] 5 LR 
C2T] 6 v= 
Cc Cal |-7 VR 
°C c4[j 8 CAL 
CR2 RXO 
CRI RXI 
AGC RM 
MM STA 
MIC TXO 


TXL TXl 


and dialer bias currents through the VR regulator. As 
input voltage increases, Q1 conducts the excess dc line 
current through resistor R12. The 1.5 volt level shift 
prevents saturation of Q2 with telephone line signals 
up to 2.0 volts peak (+5.2 dBm). A constant current 
(dummy load) is switched off when the DTMF dialer is 
activated to reduce line current transients. Figure 3 il- 
lustrates the dc voltage/current characteristic of an 
MC34013A telephone. 


Speech Network 

The speech network (Figure 4) provides the two-to- 
four wire interface between the telephone line and the 
instrument's transmitter and receiver. An electret mi- 
crophone biased from VR drives the transmit amplifier. 
For very loud talkers, the peak limiter circuit reduces 
the transmit input level to maintain low distortion. The 
transmit amplifier output signal is inverted at the STA 
terminal and driven through an external R-C network to 
control the receiver sidetone level. The switched ac re- 
sistance at the RM terminal reduces receiver signal 


FIGURE 3 — DC V-1 CHARACTERISTIC 


7.0 
6.0 on 
2 Al 
S 5.0 
= Speech Mode 
» AV 
oO 
3 3.0 
ra) 20 DTMF Operable 
: Mode 
MMM 
ue ZY Inoperable GH 
A %s lA ZL d Syd 
10 20 30 40 50 60 


Line Current (mA) 
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GENERAL CIRCUIT DESCRIPTION (continued) 


FIGURE 4 — SPEECH NETWORK BLOCK DIAGRAM 


rc a a near 
| 
| 
, Transmit | 
| Sidetone Amplifier R3 
Inverter | 
7 ——— 
Telephone ap <4 | R2 | elephions. 
Line C7 ts TXL C4 Handset | 
RM | Peak O 
Limiter R15 
| F 
C8 R5 | L 7 | AGC C3, : 
R10 V — | oes 
| Dialer {MIC | e| l 
RXI | Mute j Electret 
Control Vv | al l 
: | 
7 Receiver < > MIM | 
ifi C10. 
aati epraeeene mee a | aa | 
| BAO Ne —Irxo | L_Receiver_| 
RQ 
WW, 


when dialing and suppresses clicks due to hook or key- 
pad switch transitions. When transmitting, audio signal 
currents (iTxo and irnxQ) flow through the voltage reg- 
ulator pass transistor (T1) to drive the telephone line. 
This feature has two consequences: 1) In the transmit- 
ting mode the receiver sidetone current ipxo contrib- 
utes to the total signal on the line along with itxo; 
2) The ac impedance of the telephone is determined by 
the receiver impedance and the voltage gain from the 
line to the receiver amplifier output. 


DTMF Dialer 

Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 5) when a row and 
column input are connected through a SPST keypad. 


The keypad interface is designed to function with con- 
tact resistances up to 1.0 kO and leakage resistances as 
low as 150 kQ. Single tones may be initiated by de- 
pressing two keys in the same row or column. 

The programmable counters employ a novel design 
to produce non-integer frequency ratios. The various 
DTMF tones are synthesized with frequency division 
errors less than +0.16% (Table 1). Consequently an in- 
expensive ceramic resonator can be used instead of a 
quartz crystal as the DTMF frequency reference. Total 
frequency error less than +0.8% can be achieved with 
+0.3% ceramic resonator. The row and column D/A 
converters produce 16-step approximations of sinu- 
soidal waveforms. Feedback through terminal FB re- 
duces the DTMF output impedance to approximately 
2.0 kQ. to satisfy return loss specifications. (EIA RS-470) 
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FIGURE 5 — DTMF DIALER BLOCK DIAGRAM 


Fo a a gr ee ee er Se ee Z| 
| | 
| | 
Column 
Counter 1 FB 
& O 
| 
Keypad Encoder Column V+ C13 
Comparators and 
has & Logic Row Telephone 
D/A | j 
[4516 [Bf est | Counter CAL ene 
e 
718 |9lcrae & 8) 
|* [0 }#[D| Encoder | R11 
Keypad : y, | ¥, 
| Mute Signalto | 
Speech Network | 
| Column Counter | 
| Osc l 
| Row Counter | 
. | 
| 
L a 


CR4 CR2 
C1>5 XR>RC2 
b V 


TABLE 1 — FREQUENCY SYNTHESIZER ERRORS 


DTMF 
Standard 
(Hz) 


Tone Output 
Frequency with 
500 kHz Oscillator 


% Deviation 
from Standard 


Row 1 
Row 2 
Row 3 
Row 4 


Column 1 
Column 2 
Column 3 
Column 4 


ELECTRICAL CHARACTERISTICS (Ta = 25°C) 
LINE VOLTAGE REGULATOR 


mr 
Ce Pa OSS RS A 7 


V+ Current in Speech Mode Isp 
V+ =1.7V . 3.0 7.0 
V+ = 5.0V 8.0 15 
Speech to DTMF Mode Current Difference food AtTR —=20 | 20 | a6} ma 
LR Level Shift AVLR 
a 5.0 V,ILR = 10 mA 4a 
18 V, ILR = 110 mA 4b 
LC Terminal Resistance | 5 | ic | | oT 
Load Regulation ee ae (ne 


Wool 
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ELECTRICAL CHARACTERISTICS (continued) 
KEYPAD INTERFACE CIRCUIT | 


Ratio of Row-to-Column Input Resistances 
K _ RRm, m= 1,2,3,4 
Le Rcn 1,2,3,4 


i a 
RAB 
al ae 
| 1200 | mVvde | 


mVdc 


kQ 
kQ, 
Vdc 


0.30 VROC Vdc 


DTMF GENERATOR 


Row Tone Frequency 


Column 1 
Column 2 
Column 3 
Column 4 


Column Tone Frequency 


Row Tone Amplitude 


Column Tone Amplitude 


Column Tone Pre-emphasis | dBcr | 05 | 


DTMF Distortion 
DTMF Output Resistance 


co) N 


3 


co?) 

~ 

< 
= 
3 
7) 


x 
F 


SPEECH NETWORK 


mVdc 
pA 


MIC Terminal Saturation Voltage | 1g VMIC | 
MIC Terminal Leakage Current | 15a IMIC tee 


MM Terminal Input Resistance 


| 5b | 
[TO Terminal Bias |B | 0.56 
|TxiTerminal input Bias Current | teh | rx | | 80 
na Meee | a ae ae 
| 130 


BlseaE) ERE 


[7x0 Terminal Negative Swing dtd | vexol-) | 

[sidetone Amplifier Gain —=—=S*~C | gta | mo 

[Sta Terminal Output Curent ———SSSCS~idtCi 

[ax Terminal ies ——SS*~*~ST te | | 
a 
[180 | 


mVdc 


| 0.68 | 
| 400 | 
het 
| 200 mVdc 
| 20 
| os4 | 
| 250 | 
| 068 | 


[TXL Terminal OFF Resistance ———SS~SC*i 
TX Terminal ON Resistance ———SSS—*d 2b | yond | 
[RM Terminal OFF Resistance ——~SS~*~dtCi a 
[AM Terminal ON Resistance ———SSS~idSCt 
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10,9 
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PIN DESCRIPTION 


(See Figure 28 for external component identifications.) 


Keypad inputs for Rows 1 through 4. When open, internal 8.0 kQ resistors pull up the row inputs to a 
regulated (~1.1 volt) supply. In normal operation, a row and a column input are connected through a 
SPST switch by the telephone keypad. Row inputs can also be activated by a Logic ‘‘0’’ (<500 mV) from 
a microprocessor port. 


Keypad inputs for Columns 1 through 4. When open, internal 8.0 kQ. resistors pull down the column 
inputs to V—. in normal operation, connecting any column input to any row input produces the respective 
row and column DTMF tones. In addition to being connected to a row input, column inputs can be 
activated by a Logic “1” (>500 mV and <3.0 volt). 


Ceramic Resonator oscillator input and feedback terminals, respectively. The DTMF dialer is intended to 
operate with a 500 kHz ceramic resonator from which row and column tones are synthesized. 


Automatic Gain Control low-pass filter terminal. Capacitor C3 connected between AGC and VR sets the 
attack and decay time of the transmit limiter circuit. This capacitor also aids in reducing clicks in the 
receiver due to hook-switch transients and DTMF on/off transients. In conjunction with internal resistors, 
C3 (1.0 wF) forms a timer which mutes the receiver amplifier for approximately 20 milliseconds after the 
user goes off-hook or releases a DTMF Key. 


Microphone Mute. The MM pin provides a means to mute the microphone and transmit amplifier in 
response to a digital control signal. When this pin is connected to a Logic ‘1’ (>2.0 V) the microphone 
dc return path and the transmit amplifier output are disabled. 


MiCrophone negative supply terminal. The dc current from the electret microphone is returned to V— 
through the MIC terminal which is connected to the collector of an on-chip NPN transistor. The base of 
this transistor is controlled either internally by the mute signal from the DTMF generator, or externally 
by the logic input pin MM. 


Transmit Input Limiter. An internal variable resistance element at the TXL terminal controls the transmitter 
input level to prevent clipping with high signal levels. Coupling capacitors C4 and C5 prevent dc current 
flow through TXL. The dynamic range of the transmit peak limiter is controlled by resistors R1 and R2. 


Transmit Amplifier Input. TX! is the input to the transmit amplifier from an electret microphone. AC 
coupling capacitors allow the dc offset at TXI to be maintained approximately 0.6 V above V — by feedback 
through resistor R3 from TXO. 


Transmit Amplifier Output. The transmit amplifier output drives ac current through the voltage regulator 
pass-transistor T1 via resistor R4. The dc bias voltage at TXO is typically 0.6 volts above V —. The transmit 
amplifier gain is controlled by the R3/(R1 + R2) ratio. 


SideTone Amplifier output. STA is the output of the sidetone inverter amplifier whose input is driven 
by the transmit signal at TXO. The inverted transmit signal from STA subtracts from the receiver amplifier 
input current from V+, thus reducing the receiver sidetone level. Since the transmitted signal at V+ is 
phase shifted with respect to TXO by the reactive impedance of the phone line, the signal from STA 
must be similarly phase-shifted in order to provide adequate sidetone reduction. This phase relationship 
between the transmit signal at TXO and the sidetone cancellation signal from STA is controlled by R5, 
R6, and C6. 


Receiver Amplifier Mute. A switched resistance at the RM terminal attenuates the receiver amplifier 
input signal produced by DTMF dialing tones at V+. RM also mutes clicks at the receiver which result 
from keypad or hook switch transitions. The ac resistance at RM is typically 540 © in the mute mode 
and 200 kQ. otherwise. Coupling capacitors C7 and C8 prevent dc current flow through RM. 


Receiver Amplifier Input. RXI is the input terminal of the receiver amplifier which is driven by ac signals 
from V+ and STA. Input coupling capacitor C8 allows RXI to be biased approximately 0.6 volts above 
the V— via feedback resistor R9. 


Receiver Amplifier Output. This terminal is connected to the open-collector NPN output transistor of the 
receiver amplifier. DC bias current for the output device is sourced through the receiver from VR. The 
bias voltage at RXO is typically 0.6 volts above the V —. Capacitor C10 from RXO to VR provides frequency 
compensation for the receiver amplifier. 
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PIN DESCRIPTION (continued) 


A 


CAL Amplitude CALibration terminal for DTMF dialer. Resistor R11 from the CAL pin to V— controls the DTMF 
. Output signal level at Tip and Ring. 


Voltage Regulator output terminal. VR is the output of a 1.1 volt voltage regulator which supplies power 
to the speech network amplifiers and DTMF generator during signaling. To improve regulator efficiency 


at low line current conditions, an external PNP pass-transistor T1 is used in the regulator circuit. Capacitor 
C9 frequency compensates the VR regulator to prevent oscillation. 


a The dc common (more negative input) connected to Tip and Ring through the polarity guard bridge. 


DC Load Resistor. Resistor R12 from LR to V— determines the dc input resistance at Tip and Ring. This 
resistor is external not only to enable programming the dc resistance but also to avoid high on-chip | 
power dissipation with short telephone lines. It acts as a shunt load conducting the excess dc line current. 
At low line voltages (<3.0 volts), no current flows through LR. 


Base of a PNP Pass-transistor. Under long-loop conditions where low line voltages would cause VR to 
fall below 1.1 voits, BP drives the PNP transistor T1 into saturation, thereby minimizing the voltage drop 
across the pass transistor. At line voltages which maintain VR above 1.1 volts, BP biases T1 in the linear 
region thereby regulating the VR voltage. Transistor T1 also couples the ac speech signals from the 
transmit amplifier to Tip and Ring at V+. . 


DC Load Capacitor. Capacitor C11 from LC to V— forms a low-pass filter which prevents the resistor at 
LR from loading ac speech and DTMF signals. 


FeedBack terminal for DTMF output. Capacitor C13 connected from FB to V+ provides ac feedback to 
reduce the output impedance to Tip and Ring when tone dialing. 


FIGURE 6 — GENERAL TEST CIRCUIT 


100 pF 2 on 


Notes: 

1. *Selected ceramic resonator: 500 kHz + 2.0 kHz. 
2. Capacitances in uF unless noted. 

3. All resistances in ohms. 
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FIGURE 7 — TEST ONE 


General 
Test 
Circuit 


Measure Vpr with Vs = 1.7 V 
. Measure Isp with Vs = 1.7 V 
c. Measure Isp with Vs = 5.0 V 


FIGURE 8 — TEST TWO : 


General 
Test 
Circuit 


a. Measure IpT with Vs = 11.5 V 


b. Measure IpT with Vs = 26 V. Calculate 
Alpt = 'pt| — !ptT| 


26 V 11.5 V 


FIGURE 9 — TEST THREE 


General 
Test 
Circuit 


ot 
| [sv 


With S14 open measure ITR. Close S1 and again measure 
ItR. Calculate: 


ditR = TR | - IrR| : 
1 1 


Closed Open 


FIGURE 10 — TEST FOUR 


General 
Test 
Circuit 


a. Set Vg = 5.0 V and ILR = 10 mA. Measure V_R. 
Calculate AVLR = Vs — VLR 


b. Repeat Test 4a with Vs = 18 V and ILR = 110 mA 
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FIGURE 11 — TEST FIVE FIGURE 12 — TEST SIX 


1.7V 
General General 
Test — Test —_— 
Circuit Circuit 
VR 


With S1 open measure Vic. 


Set Igp = 0.0 uA and measure Vr. 
Close S; and measure ILc. 


. Set Ipp = 150 vA and measure Vr. Calculate: 
Calculate: Wn = Ve | V 

5.0-Vic = ~ YR 
Ric = ie 0.0 pA 150 pA 


FIGURE 13 — TEST SEVEN FIGURE 14 — TEST EIGHT 


$1 


[+ 
ee V 


IR General 4 General 
Circuit | 10 Circuit 
Subscript m corresponds to row number. Subscript n corresponds to column number. 
a. Set Sz to Terminal 2 and measure voltage at Terminal 1 a. Set S1 to Terminal 5 (n = 1) and measure Ic. Calculate: 


(VRoc). . 

b. Set S14 to Terminal 1 (m = 1) and measure IR 1. Calculate: 
Rri = VROC ~ !R1 

c,d,e. Repeat Test 7b for m = 2,3,4. 


Rci = 1.0V + Icq 
b,c,d. Repeat Test 8a for n = 2,3,4. 
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FIGURE 15 — TEST NINE FIGURE 16 — TEST TEN 


S1 
+ + 
5.0 V i 5.0 V 
V1 pelea General 
est — Test = 
—_ Circuit Circuit 


m corresponds to row number. n corresponds to column number. 

a. Set S7 to Terminal 1 (m = 1) with V1 = 1.0 Vdc. Verify a. Set S1 to Terminal 5 (n = 1) with V1 = 0 Vdc, Verify 
Vaic is Low (Vic < 0.3 Vdc). Decrease V, to 0.70 VRaoc VMIC is low (Vic <0.3 Vdc). Increase V1 to 0.30 VRoc 
and verify Vic switches high. (Viyic > 0.5 Vdc). VRoc and verify Vayic switches high, (Vic > 0.5 Vdc). VRoc 
is obtained from Test 7a. is obtained from Test 7a. 

b,c,d. Repeat Test 9a for rows 2,3, and 4. (m = 2,3,4) b,c,d. Repeat Test 10a for columns 2,3, and 4. (n = 2,3,4) 


FIGURE 17 — TEST ELEVEN 


a. With Vj = 0.0 V set S1 to Terminal 1 (m = 1) and 
measure frequency of tone at V+. 


b. Repeat Test 11a for rows 2,3 and 4. (m = 2,3,4). 


Onna & Wh 


General 
Test c. With V1 = 1.0 V set S; to Terminal 5. (n = 1) and 
Circuit measure frequency of tone at V+. 


d. Repeat Test for columns 2,3, and 4. (n = 2,3,4). 


e. Set S; to Terminal 4 and V1 = 0.0 V. Measure row tone 
amplitude at V+ (VROW). 


f. Set S to Terminal 8 and V1 = 1.0 V. Measure column 
tone amplitude at V+. (Vco_). 


g. Using results of Tests 11e and 11f, calculate: 


VCOL 
m corresponds to row number. dBcrR = 20 log1o Venu 
ROW 

n corresponds to column number. 
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FIGURE 18 — TEST TWELVE FIGURE 19 — TEST THIRTEEN 


+ 
General 15V General 
Test mee Test V1 l 5.0 V 
Circuit 940 Hz “= Circuit 
= Notch Filter eo = 


1209 Hz 
Notch Filter 


10 kHz Single 
Pole LPF 


Note: The notch filters must have 50 dB attenuation at their 


: ; Measure Is at V1 = 1.8V and V1 = 2.8 V. 
respective center frequencies. | 
Calculate: 
Measure V+ and Vj, with a true rms voltmeter. Calculate: Ro = 1.0V “ls = is| . | 
V4(rms) 28V °1.8V 
.) eeOeOeO}.QGe 
% DIS V+ (nme) x 100 


FIGURE 20 — TEST FOURTEEN | FIGURE 21 — TEST FIFTEEN 


General 
Test 
Circuit 


General 
Test 
Circuit 


ImMic _ 13 


| | + + 
ae nibs ae OV 


a. Set V1 = 2.0 V and measure Ijic. 


Measure VMIC b. Set V1 = 5.0 V and measure Ijym. 
Calculate: Rum = 5.0V = Imm 
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FIGURE 22 — TEST SIXTEEN FIGURE 23 — TEST SEVENTEEN 


5.0 V 
General mie 


Test 
Circuit 


General 
Test 


Circuit . 
S} f = 1.0 kHz 
j | al 


a. With S; open, measure VTxQ. Using Vp obtained in Test 


1 Calculate: BTxQ = VTXO ~ VR a. Set the generator for vj = 3.0 MV;ms. Measure ac 
b. With S1 open, measure VTxo and VT xj. Calculate: voltage VTxQ. Calculate: 
ITx! = (VTXO ~ VTXI) + 200 ko Gtx = YIxo 
c. Close S1 and set! = —10 wA. Measure VTxo. Calculate: vi 
VtTxo(+) = VR — VTxo where Vp is obtained from b. Measure ac voltage VsTa. Using VTxo from Test 17a 
Test 1. calculate: 
d. Close S1 and set | = +10 »A. Measure VTxQ. G _ VSTA 
STA = 
VTxol—) = VTxo: TXO 


FIGURE 24 — TEST EIGHTEEN FIGURE 25 — NINETEEN 


General General 


Test 
Circuit 


Test 
Circuit 


M e | j 
eesuLerTolA a. With S1 open, measure VRxo. Using Vp obtained in Test 


1, calculate: BRxo = VRxO =~ VR: 

b. With S1 open, measure Vaxo and VRyxj. Calculate: 
IRxI = (VRxo — VRx1) + 100 kO 

c. Close S; and set | = —10 »A. Measure V_xoc. Using VR 
obtained in Test 1, calculate: VRxo (+) = VR - VRxo.- 


d. Close S; and set! = +10 wA and measure V_xo. 
VRxo(—) = VRXxO- 
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FIGURE 26 — TEST TWENTY FIGURE 27 — TEST TWENTY-ONE 


General General 
Test Test 
Circuit - Circuit 


a. With S2 open and Sj in position 
A measure IRM. 


a. Set S1 to position A with Sz open. Measure IT x. Calculate: RRM(OFF)=0.4 V + IRM 
Calculate: Rtx_ (OFF) = 0.4 V + ITXL. b. Close Sz and switch Sq to position B. Measure ac 
b. Set S1 to position B and close Sz. Measure ac voltages v; voltages vj; and Vam. 
and VTx_. Calculate: Calculate: VR 
RTXL (ON) = a x 5.1 kO RRMION) = vi — VRM eee 
i- 


FIGURE 28 — APPLICATION CIRCUIT 


DTMF Pad 
Row-Column Switch Closure 
- 
@ UO U 
Tip 
, : VV Ring 


R8. 


Electret MIC. 


g Switch $1 is controlled 
by hook switch. 
Illustrated in ‘‘off-hook”’ 
condition 


*RX used with 2-terminal mike only. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-290 


MC34013A 


APPLICATIONS INFORMATION 


Figure 28 specifies a typical application circuit for the 
MC34013A. Complete listings of external components 
are provided at the end of this section along with nom- 
inal component values. Component values should be 
varied to optimize telephone performance parameters 
for each application. The relationships between the ap- 
plication circuit components and certain telephone pa- 
rameters are briefly described in the following: 


Off-Hook DC Resistance 

R12 conducts the dc line current in excess of the 
speech and dialer bias current. Increasing R12 increases 
the input resistance of the telephone for line currents 
above 10 mA. R12 should be selected between 30 © and 
120 ©. 


Off-Hook AC Impedance 

The ac input impedance is equal to the receive am- 
plifier load impedance (at RXO) divided by the receive 
amplifier gain (voltage gain from V+ to RXO). Increas- 
ing the impedance of the receiver increases the imped- 
ance of the telephone. Increasing the gain of the receiver 
amplifier decreases the impedance of the telephone. 


DTMF Output Amplitude 

R11 controls the amplitude of the row and column 
DTMF tones. Decreasing R11 increases the level of tones 
generated at V+. The ratio of the row and column tone 
amplitudes is internally fixed. R11 should be greater 
than 20 © to avoid excessive current in the DTMF output 
amplifier. 


Transmit Output Level 

R4 controls the maximum signal amplitude produced 
at V+ by the transmit amplifier. Decreasing R4 in- 
creases the transmit output signal at V+. R4 should be 


greater than 220 2 to limit current in the transmit am- 
plifier output. 


Transmit Gain 

The gain from the microphone to the telephone line 
varies directly with R3. Increasing R3 increases the sig- 
nai applied to R4 and the ac current driven through R4 
to the telephone line. The closed loop-gain from the 
microphone to the TXO terminal should be greater than 
10 to prevent transmit amplifier oscillations. 


Note: Adjustments to transmit level and gain are com- 
plicated by the addition of receiver sidetone cur- 
rent to the transmit amplifier output current at 
V+. Normally the sidetone current from the re- 
ceiver will increase the transmit signal (if the cur- 
rent in the receiver is in phase with that in R4). 
Thus the transmit gain and sidetone levels can- 
not be adjusted independently. 


Receiver Gain 

Feedback resistor R9 adjusts the gain at the receiver 
amplifier. Increasing R9 increases the receiver amplifier 
gain. 


Sidetone Level y 

Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R8. R6, R7 and C6 
determine the phase of the sidetone balance. The ac 
voltage at the junction of R6 and R7 should be 180° out ~ 
of phase with the voltage at V+. R7 is selected such 
that the signal current in R7 is slightly greater than that 
in R8. This insures that the sidetone current in the re- 
ceiver adds to the transmit amplifier output current. 
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EXTERNAL COMPONENTS ~ 
(Component Labels Referenced to Figure 28) 


Nominal | 
Capacitors Value Description 


100 pF _Ceramic Resonator oscillator capacitors. 
1.0 uF, 3.0 V 
0.1 uF 


Transmit limiter low-pass filter capacitor: controls attack and decay time of transmit peak limiter. 


Transmit amplifier input capacitors: prevent dc current flow into TXL pin and attenuate low-frequency 
| noise on microphone lead. 


Sidetone network eapator provides phase-shift in sidetone path to match that caused by telephone 
line reactance. 


Receiver amplifier input capacitors: prevent dc current flow into RM terminal and attenuates low frequency 
noise on the telephone line. 


VR regulator capacitor: frequency compensates the VR regulator to prevent oscillation. 
Receiver amplifier output capacitor: frequency compensates the receiver amplifier to prevent oscillation. 
DC load filter capacitor: prevents the dc load circuit from attenuating ac signals on V+. 


Telephone line bypass capacitor: terminates telephone line for high frequency signals and prevents 
oscillation in the VR regulator. 


DTMF output feedback capacitor: ac couples feedback around the DTMF output amplifier which reduces 
output impedance. 


a Nominal _ | 
Resistors Value Description 
82, 1.0 W DC load resistor: conducts all dc line current in excess of the current required for speech or dialing 


circuits; controls the off-hook dc resistance of the telephone. 


Receiver amplifier input resistors: couple ac input signals from the telephone line to the receiver amplifier; 
signal in R8 subtracts from that in R7 to reduce sidetone in receiver. 


Receiver amplifier feedback resistor: controls the gain of the receiver amplifier. 


Sidetone network resistors: drive receiver amplifier input with the inverted output signal from the trans- 
mitter; phase of signal in R7 should be opposite that in R8. 


0.05 uF 


0.05 uF 


2.2 pF, 3.0 V- 
0.01 uF 

0.1 uF 
0.01 uF 


0.1 pF 


150 k, 56 k 


200 k 
1.5 k, 30 k 


Transmit amplifier load resistor: converts output voltage of transmit amplifier into a current that drives’ 


270 
the telephone line; controls the maximum transmit level. 


200 k 
47k, 4.7K 


Transmit amplifier feedback resistor: controls the gain of the transmit amplifier. 


Transmit amplifier input resistors: couple signal from microphone to transmit amplifier; control the dynamic 
range of the transmit peak limiter. 


DTMF calibration resistor: controls the output amplitude of the DTMF dialer. 


36 


Microphone bias resistor: sources current from VR to power a 2-terminal electret microphone; Ry is not 
used with 3-terminal microphones. 


Semiconductors | Electret Mic Receiver 


MDA106A, or equivalent, 2 Terminal, Primo EM-95 (Use Rx) Primo Model DH-34 (300 2) or equivalent 
or 4-1N4005 or equivalent 

= 2N4126 or equivalent 3 Terminal, Primo 07A181P (Remove Rx) 

= 18 V, 1.5 W, 1N5931A or equivalent 

XR — muRata CSB500 

or equivalent 


N+ 
—_ oa 
1 | 
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=a SEMICONDUCTOR oxy 
TECHNICAL DATA 


Specifications and Applications 
Information 


TELEPHONE SPEECH NETWORK WITH DIALER 


INTERFACE SILICON MONOLITHIC 
INTEGRATED CIRCUIT 


TELEPHONE SPEECH NETWORK 
WITH 
DIALER INTERFACE 


The MC34014 is a Telephone Speech Network integrated circuit 
which incorporates adjustable transmit, receive, and sidetone 
functions, a dc loop interface circuit, tone dialer interface, and a 
regulated output voltage for a pulse/tone dialer. Also included is 
an equalization circuit which compensates gains for line length 
variations. The conversion from 2-to-4 wire is accomplished with 
a supply voltage as low as 1.5 volts. The MC34014 is packaged 
in a standard 18-pin (0.3” wide) plastic DIP, a 20-pin surface mount 
PLCC package, and a 20-pin SOIC package. 


@ Transmit, Receive, and Sidetone Gains Set by 
External Resistors 


P SUFFIX 
PLASTIC PACKAGE 
CASE 707-02 


@ Loop Length Equalization for Transmit, Receive, and DW SUFFIX 
Sidetone Functions PLASTIC PACKAGE yw 
@ Operates Down to 1.5 volts (V+) in Speech Mode ee 0320 1 
@ Provides Regulated Voltage for CMOS Dialer 
@ Speech Amplifiers Muted During Pulse and Tone Dialing 
e@ DTMF Output Level Adjustable with a Single Resistor | FN SUFFIX 
@ Compatible with 2-Terminal Electret Microphones PLASTIC PACKAGE 
@ Compatible with Receiver Impedances of 150 0 and Higher ee 


BLOCK DIAGRAM 


To 
Interface ; 
Receive 
Amplifier 
Sidetone 
To 
Dialer 


Circuit 


Pulse/Tone 
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PIN DESCRIPTION (See Figure 1) 


Pin #| Pin #/| Pin # 
SOIC | PLCC! DIP Description 


2 1 Microphone negative supply. Bias cur- 
rent from the electret microphone is 


base is controlled by an internal mute 
signal. During dialing, the transistor is 
off, disabling the microphone. 


Transmit amplifier input. Input impedance 
is 10 kQ. Signals from the microphone 
are input through capacitor C5 to TXI. 


Transmit amplifier output. The ac signal 
current from this output flows through 
the VR series pass transistor via R9 to 
_drive the line at V+. Increasing R9 will 
decrease the signal at V+. The output is 
biased at ~0.65 V to allow for maximum 
swing of ac signals. The closed loop 
gain from TXI to TXO is internally set at 
26 cB. 


Sidetone amplifier output. Input to this 
amplifier is TXO. The signal at STA can- 
cels the sidetone signals in the receive 
amplifier. The signal level at STA 
increases with loop length. 


Compensation Capacitor. A capacitor 
from CC to ground will compensate the 
loop length equalization circuit when 
additional stability is required. In most 
applications, CC remains open. 


returned to V— through this pin, through 
an open. collector NPN transistor whose 


Equalization amplifier output. A portion 
of the V+ signal is present on this pin to 
provide negative feedback around the 
transmit amplifier. The feedback 
decreases with increasing loop length, 
causing the ac impedance of the circuit 
to increase. 


Receive amplifier input. Input impedance 
is >100 kf. Signals from the line and 
sidetone amplifier are summed at RXI. 


Receive Amplifier output. RXO is biased 
by a 2.5 mA current source. Feedback 
maintains the dc bias voltage at ~0.65 V. 
Increasing R4 (between RXO and RXI) 
will increase the receive gain. C4 stabi- 
lizes the amplifier. C3 couples the signals 
to the receiver. The 2.5 mA current 
source is reduced to 0.4 mA when 
dialing. 


Receiver Mute. The ac receiver current is 
returned to V— through an open collec- 
tor NPN transistor and a parallel 10 kQ 

| resistor. The base of the NPN is con- 
trolled by an internal mute signal. During 
dialing the transistor is off, leaving the 
10 kO resistor in series with the receiver. 


Pin #|Pin #|Pin # | 
SOIC | PLCC; DIP Description | 
Negative supply. The most negative 


input connected to Tip and Ring through 
the polarity guard diode bridge. 


Regulated voltage output. The VR volt- 
age is regulated at 1.2 V dnd biases the 
microphone and the speech circuits. An 
internal series pass PNP transistor allows 
for regulation with a line voltage as low 
as 1.5 V. Capacitor C8 stabilizes the 
regulator. 


DC load capacitor. An external capacitor 
C7 and an internal resistor form a low 
pass filter between V+ and LR to pre- 
vent ac signals from being loaded by the 
dc load resistor R5. Forcing LC to V— 
will turn off the dc load current and 
increase the V+ voltage. 


DC load resistor. Resistor R5 from LR to 
V-— determines the dc resistance of the 
telephone, and removes power dissipa- 
tion from the chip. The LR pin is biased 
2.8 volts below the V+ voltage (4.5 volts 
in the tone dialing mode). 


Positive supply. V+ is the positive line 
voltage (from Tip & Ring) through the 
polarity guard’ bridge. All sections of the 
MC34014 are powered by V+. 


Vpp regulator. Vpp is the output of a 
shunt type regulator with a nominal volt- 
age of 3.3 V. The nominal output current 
is increased from 550 uA to 2 mA when 
dialing. Capacitor C9 stabilizes the regu- 
lator and sustains the Vpp voltage dur- 
ing pulse dialing. 


Tone input. The DTMF signal from a 
dialer circuit is input at Tl through an 
external resistor R7. The current at Tl is 
amplified to drive the fine at V+. 
Increasing R7 will reduce the DTMF out- 
put levels. The input impedance at TI is 
nominally 1.25 kQ. 


Mode select. This pin is connected 
through an internal 600 kf resistor to the 
base of an NPN transistor. A Logic “1” 
(>2.0 V) selects the pulse dialing mode. 
A Logic ‘0’ (<0.3 V) selects the tone 
dialing mode. 


Mute input. MT is connected through an 
internal 100 kQ resistor to the base of a 
PNP transistor, with the emitter at Vpp. 
A Logic ‘0’ (<1.0 V) will mute the net- 
work for either pulse or tone dialing. A 
Logic “1” (>Vpp — 0.3 V) puts the 
MC34014 into the speech mode. 
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FIGURE 1 — TEST CIRCUIT 


Tip 


Transmit 
Amp 


Microphone 


Sidetone 
Amp 


R7 


22k ft 
DTMF Input 6 


T 0.05 | Receiver 
= (150 Q) 


VDD 
Output 


Mute 


Pulse/Tone 
Select 


NOTE: Pin numbers are for 18 pin DIP. 
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ABSOLUTE MAXIMUM RATINGS (Voltages referred to V—, Ta = 25°C) (See Note 1.) 


aa ietemaly applied vs 


NOTE 1: Devices should not be operated at these values. The “Recommended Operating Conditions” provide 
conditions for actual device operation. 


RECOMMENDED OPERATING CONDITIONS 


; Parameter 
+3.3 to +15 
Ambient, Temperature =c 


ELECTRICAL CHARACTERISTICS (Refer to Figure 1) (Ta = 25°C) 


[uniter det | | | ee 


LINE INTERFACE 


V+ Voltage 
= 20 mA (Speech/Pulse Mode) 
= 30 mA (Speech/Pulse Mode) 
120 mA (Speech/Pulse Mode) 
20 mA (Tone Mode) 
30 mA (Tone Mode) 


V+ Current (Pin 12 Grounded) 

- V+ 1.7.V (Speech Mode) 
V+ = 12 V (Speech/Pulse Modes) 
V+ 12 V (Tone Mode) 


LR Level Shift (V+ — VLR) 
. (Speech/Pulse Mode) 
(Tone Mode) 


VOLTAGE REGULATORS 


VR Voltage (V+ = 1.7 V) 
Load Regulation (0 mA <.IR < 6.0 mA) 
Line Regulation (2.0 V< V+ < 6.5 V) 


Vpp Voltage (V+ = 4.5 V) 


Load Regulation (0 < Ipp < 1.6 mA) 

_ (Dialing Mode) 
Line Regulation (All Modes) (4.0 V < V+ < 9.0 V) 
Max. Output Current (Speech Mode) . 
Max. Output Current (Dialing Mode) 


Vpp Leakage Current (V+ = 0, Vpp = 3.0 V) / Ippik _| 


SPEECH AMPLIFIERS 


Transmit Amplifier 
Gain (TXI to TXQ) . 
TXO Bias Voltage (Speech/Pulse Mode) 
TXO Bias Voltage (Tone Mode Mode) 
TXO High Voltage (Speech/Pulse Mode) 
TXO Low Voltage (Speech/Pulse Mode) 
TX! Input Resistance 


Receive Amplifier 
RXO Bias Voltage (All Modes) 
RXO Source Current (Speech Mode) 
RXO Source Current (Pulse/Tone Mode) 
RXO High Voltage (All Modes) 
RXO Low Voltage (All Modes) 
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ELECTRICAL CHARACTERISTICS — (continued) (Ta = 25°C) 


[Parameter Symbol win | tye | Mx Units 
MICROPHONE, RECEIVER CONTROLS 


RMT Resistance (Speech Mode) RRMTsp —_ 8.0 15 Q 

(Dialing Mode) RRMTpL 5.0 10 18 kO 
RMT Delay (Dialing to Speech) tRMT 2.0 4.0 20 rm 
DIALING INTERFACE 


MT Input Resistance 
MT Input High Voltage 


MT Input Low Voltage 
MS Input Resistance 

MS Input High Voltage 
MS Input Low Voltage 


TI Input Resistance 
DTMF Gain (See Figure 2) (V+/Vjn) 
SIDETONE AMPLIFIER 


Gain (TXO to STA) 
(Speech Mode) @ V~R = 0.5 V 
(Speech Mode) @ VLR = 2.5V | 
(Pulse Mode) @ VLR = 0.2 V 
(Pulse Mode) @ VLR = 1.0 V 


STA Bias Voltage (All Modes) 
EQUALIZATION AMPLIFIER 


Gain (V+ to EQ) 
(Speech Mode) @ VLR = 0. . 
(Speech Mode) @ VLR = Do 
(Pulse Mode) @ VLR = 
(Pulse Mode) @ VLR : 


ADTMF 


EQ Bias Voltage 
(Speech Mode) @ ViR = 0.5 V 
(Pulse Mode) @ VLR = 0.5 V 
(Speech, Pulse) @ VLR = 2.5 V 


NOTE: Typical values are not tested or guaranteed. 


FIGURE 2 — DTMF DRIVER TEST 


V+ 


400 MVrms 


1.0 kHz MC34014 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-297 


MC34014 


SYSTEM SPECIFICATIONS (Ta = 25°C) (See Figures 1-4) 


Tip-Ring Voltage (including polarity guard bridge drop of 1.4 V) 


(Speech Mode) —Iiggp = 5.0 mA 
loop = 10mA 
lloop = 20mA 


lloop = 60 mA 


Transmit 
Gain from Vs to V+ (Figure 3) (ljo9p = 20 mA) 
Gain change as ligop is increased to 60 mA 
Distortion 
Output noise 

Receive 
VRXO/VS (f = 1.0 kHz, liogp = 20 mA) (See Figure 4) 
Receive gain change as liggp is increased to 60 mA 
Distortion 


Sidetone Level 
VRxo/V + (Figure 3) 


Sidetone Cancellation 


V+ V+ 


DTMF Driver 
V+/Vin (Figure 2) 


AC Impedance 
Speech mode (incl. Cg, See Figure 4) 
Zac = (600)V+/Vs — V+) 
Tone mode (including Cg) 
NOTE: Typicals are not tested or guaranteed. 


FIGURE 3 — TRANSMIT AND SIDETONE LEVEL TEST 


lloop = 


lloop 


20 mA < loop 


V V 
~RXO Figure | 4-2 “exo (Figure 3) aq ligap: = 20UmiA 


FIGURE 4 — AC IMPEDANCE, RECEIVE AND SIDETONE 
CANCELLATION TEST 


150 k 
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DESIGN GUIDELINES (Refer to Figure 1) 


INTRODUCTION 

The MC34014 is a speech network meant for connec- 
tion to the Tip & Ring lines through a polarity guard 
bridge. The circuit incorporates four amplifiers: trans- 
mit, receive, sidetone, and equalization. Some param- 
eters of each amplifier are set by external components, 
and in addition, the gains of the sidetone and equali- 
zation amplifiers vary with loop current. 

The line interface portion determines the dc volt- 


age versus loop current characteristics, and pro- 
vides the required regulated voltages for internal 
and external use. 

The dialer interface provides three modes of opera- 
tion: speech (non-dialing), pulse dialing, and tone 
(DTMF) dialing. When switching to either dialing mode 
some parameters of the various sections are changed 
in order to optimize the circuit operation for that mode. 
The following table summarizes those changes: 


TABLE 1 — OPERATING PARAMETERS AS A FUNCTION OF OPERATING MODE 


DC LINE INTERFACE (Figure 5) 

The dc line interface circuit (Pins 10, 12-14) sets the 
dc voltage characteristics with respect to the loop cur- 
rent. The loop current enters at Pin 14 where the internal 
circuitry of the MC34014 draws 5-6 mA. Pin 3 sinks 
(typically) 3 mA through Rg. The remainder of the loop 
current is passed through Q391 and Rs. The resulting 
voltage across the entire circuit is therefore equal to the 
voltage across Rg, plus the level shift voltage from Pin 
13 (LR) to Pin 14 (V+), nominally 2.7 volts in the speech 
and pulse modes. In the tone mode, the level shift in- 
creases to 4.3 volts, the internal current changes slightly 
(Figure 6), and the current required at Pin 3 decreases 
to near zero. These changes increase the equivalent dc 


Functional 


See Transfer Curves — Figure 6 


resistance of the circuit, raising the voltage at V+ to 
ensure adequate voltage at Vpp for the external tone 
dialer. See Figure 7 for typical voltage versus loop cur- 
rent characteristics. 

Capacitor C7 at Pin 12 provides high frequency rolloff 
(above 10 Hz) so that Rs does not load down the speech 
and DTMF signals. 

The voltage at VR is an internally regulated 1.2 volt 
supply which provides the bias currents for the micro- 
phone and the transmit amplifier output (Pin 3), as well 
as internal bias for the various amplifiers. Capacitor Cg 
stabilizes the regulator. The use of an (internal) PNP 
transistor allows Vp to be regulated with a V+ voltage 
as low as 1.5 volts. 


FIGURE 5 — DC LINE INTERFACE 
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FIGURE 6 — INTERNAL CURRENT versus VOLTAGE 


TRANSMIT AMPLIFIER 

The transmit amplifier (from TXI to TXO) is inverting, 
with a fixed internal gain of 20 V/V (26 dB), and a typical 
input impedance of 10 k© (Figure 8). The input bias cur- 
rents are internally supplied, allowing capacitive cou- 
pling of the microphone signals to the amplifier. 

In the speech and pulse modes, the dc bias level at 
TXO is typically 0.52 x VR (~0.63 V), which permits 
the output to swing 0.55 volts in both positive and 
negative directions without clipping. The ac voltage 
signal at TXO (the amplified speech signal) is con- 
verted to an ac current by Rg. The ac current passes 


FIGURE 7 — CIRCUIT VOLTAGE versus LOOP CURRENT 


through the VR series pass transistor to V+, modu- 
lating the loop current. The voltage signal at V+ is out 
of phase with the signal at TXI. 

In the tone dialing mode, the TXO dc bias level is 
clamped at approximately VR-10 mV, rendering the am- 
plifier inoperative. This action also reduces the TXO bias 
current from 3.0 mA to less than 125 pA. 

MIC (Pin 1) is connected to an open-collector NPN 
transistor, and provides the ground path for the micro- 
phone bias current. In either dialing mode, the transistor 
is off, disabling the microphone. 


FIGURE 8 — TRANSMIT SECTION 


Note: All capacitor values in pF. 
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SIDETONE AMPLIFIER 

The sidetone amplifier provides inversion of the 
TXO signal for the reduction of the sidetone signal at 
the receive amplifier (Figure 8). Resistors Rg and R3 
determine the amount of sidetone cancellation. Ca- 
pacitor C1 provides phase shift to compensate for the 
phase shift created by the complex impedance of the 
Tip & Ring lines. 

The gain of the sidetone amplifier varies with the volt- 
age at LR (Pin 13), in effect making it a function of the 
loop current. The maximum gain is — 15 dB (0.17 V/V) 
at low loop currents, and the minimum gain is — 21 dB 
(0.09 V/V) at high loop current (see Figure 9 for transfer 
curves). For example, using 47 © for Rs, the gain would 
begin to decrease at ~30 mA, and would stop decreas- 
ing at ~57 mA (speech mode). The dc bias voltage at 
STA (Pin 4) changes slightly (~50 mV) with variations 
in loop current. The output is inverted from TXO, which 
is the input to this amplifier. Since the transmit amplifier 
is inoperative in the tone dialing mode, the sidetone 
amplifier is also inoperative in that mode. 


FIGURE 9 — SIDETONE AMPLIFIER GAIN 
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RECEIVE AMPLIFIER 

The gain of the receive amplifier (from V+ to RXO) 
is determined according to the following equation (refer 
to Figure 10): 


VRXO _ Ra , (X¢//R2) (AzQ) (ATX) (ASTAxRaxR4 
V+ Ry ((Xc//R2) + R3) (Ra +Re) x Ro 


Where Ra = Re//10 kO (10 kQ = Rijn of Tx, Amp) 
AEQ = Gain of Equalization Amp 
ATXO = Gain of Transmit Amp (20 V/V) 
ASTA = Gain of sidetone Amp 
Xc = Impedance of Cj at frequency of 
interest 


The waveform at STA (Pin 4), is in phase with that at 
V+ (for receive signals), hence the plus sign between 
the terms. Due to the variations of AEq and AsTag with 


loop current, the receive gain will vary by ~1.5 GB. If 
capacitor C4 is not used, the above equation is simpli- 
fied by deleting the terms containing Xc. 

The output at RXO is inverted from V+ in the receive 
mode. In the transmit mode, the V + -to-RXO phase re- 
lationship depends on the amount of sidetone cancel- 
lation (determined by Rg and R3 and C4), and can vary 
from 0° to 180°. 

In the speech mode, the output current capability (at 
RXO) is typically 2.0 mA. In either dialing mode, the 
current capability is reduced to 400 nA in order to reduce 
internal current consumption. This feature is beneficial 
when this device is used in conjunction with a line-pow- 
ered speakerphone circuit, such as the MC34018, where 
the majority of the loop current is needed for the 
speakerphone. 

RMT (Pin 9) is the return path for the receiver's ac 
current. This pin is internally connected to an open col- 
lector NPN transistor, paralleled by a 10 kQ resistor. In 
the speech mode, the transistor is on, providing a low 
impedance from RMT to ground. In either dialing mode, 
the transistor is off, muting the receive signal. This pre- 
vents loud “clicks” or loud DTMF tones from being 
heard in the receiver during dialing. When switching 
from either dialing mode to the speech mode (MT 
switches from low to high), the RMT pin switches back 
to a low impedance after a delay of 2-20 ms. The delay 
reduces clicks in the receiver associated with switching 
from the dialing to speech mode. 


EQUILIZATION AMPLIFIER 
The equalization amplifier gain varies with loop cur- 


rent, and is configured in the circuit so as to cause a 


variation of the network ac impedance (when looking in 
from the Tip & Ring lines). The gain varies with the 
voltage at LR (Pin 13), in effect making it a function of 
the loop current. The maximum gain is —2.5 dB (0.75 
VN) at high loop current, and the minimum gain is — 12 
dB (0.25 V/V) and low loop current (see Figure 11 for 
transfer curve). For example, using 47 © for Rs, the gain 
would begin to increase at ~30 mA, and would stop 


_increasing at ~57 mA (speech mode). The output signal 


is in phase with the signal at V+, which is the input to 
this amplifier. 

The dc bias level at EQ (Pin 6) varies with the voltage 
at LR (Pin 13) according to the curve of Figure 12. In 
most applications, this level shift is of little conse- 
quence, and may be ignored. If a particular circuit con- 
figuration should be sensitive to the shift, however, 
the output signal at EQ may be ac coupled to the rest 
of the circuit. 

The equalization amplifier remains functional in all 
three modes, although in the tone mode, its function 
has no consequence when the circuit is configured as 
shown in Figure 1. 


Vpp REGULATOR 
The Vpp regulator is a shunt type regulator which 
supplies a nominal 3.3 volts for external dialers, and/or 
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other circuitry. In the speech mode, the output current 
capability at Pin 15 is typically 550 pA. In either dialing 
mode, the current capacity is increased to 2.0 mA. 

Vpp will be regulated whenever V+ is >300 mV 
above the regulated value. As V+ is lowered, and the 
internal pass transistor becomes saturated, the circuit 
steers current away from the external load through an 
internal current source, in order that the Vpp capacitor 
(C9) does not load down speech and DTMF signals at 
V+. As V+ is lowered below 1 volt, Pin 15 switches 
to a high impedance state to prevent discharging of 
any storage capacitors, or batteries used for memory 
retention. . | 

The Vpp voltage is unaffected by the choice of op- 
erating mode. | } 


DIALER INTERFACE : 

The dialer interface consists of the mode control 
pins, MT and MS (Pins 18 and 17), and the DTMF cur- 
rent amplifier. 

The MT pin, when at a Logic “1” (> Vpp — 0.3 V), 
sets the circuit into the speech mode, independent of 
the state of the MS pin. When the MT pin is at a Logic 
“0" (< 1.0 V), the dialing mode is determined by the MS 
pin. When MS is at a Logic “1” (> 2.0 V), the circuit is 
in the pulse dialing mode, and when at a Logic “0” (< 
0.3 V) the tone (DTMF) mode is in effect. 

The input impedance of the MT pin is typically 100 
kQ, with the input current flowing out of the pin 
(from Vpp). The input impedance of the MS pin is 
typically 600 kQ, and the input current flows into the 
pin (Figure 1). 

_ The DTMF amplifier (Figure 13) is a current amplifier 
which transmits DTMF signals to the V+ pin, and con- 
sequently onto. the Tip & Ring lines. Waveforms from a 
DTMF dialer are input at TI (Pin 16).through a current 
limiting resistor (R7). Negative feedback around the am- 
plifier reduces the overall gain so that return loss spec- 


ifications may be met. The voltage gain is calculated - 


using the following equation: 


Tip a 


R1 


Ring o 


V+ _ 80 Re 

Vie (1: ++ +0.795R7 + 0.4RER7) 
(Re, R7 in kQ) 
where Re = R,//2 kQ (2 kX = internal dynamic 
impedance) 


Using 22 kQ for R7, and 600 12 for R,, the voltage 
gain is a nominal 4.3 dB. The minimum loop current 
at which the circuit of Figure 1 will operate without 
distortion is 12 mA. 6, 

The DTMF amplifier is functional only in the tone 
dialing mode, and the waveform at V+ is inverted 
from that at Tl. The TI pin requires a dc bias current 
(into the pin) of 20-50 uA, which may be supplied by 
the Tone dialer circuit, or by using the biasing scheme 
of Figure 14. . 


CC (PIN 5) . 

The CC pin (Compensation Capacitor) has two func- 
tions: 1) to provide equalization loop stability where the 
normal stabilizing components are ineffective; and 2) 
to allow optional control of the equalization functions. 

In most applications, the capacitor at LC (Pin 12) pro- 
vides the required stability, and no further compensa- 
tion is required. In applications where changes are 
forced at Pin 12 and/or 13 (e.g., see Figure 23), the LC 
capacitor’s effectiveness may be lost. The addition of a 
10 uF capacitor to Pin 5 will provide the required ad- 
ditional compensation. 

_The CC pin may be used to force the loop length com- 
pensation circuits to specific modes. Grounding CC will 
set the sidetone and equalization amplifiers at the low 
loop current values. Connecting CC to Vp will set the 
amplifiers at the high loop current values. 

Variations in the curves of Figures 9 and 11 may be 
obtained by using external resistors from LR to CC, and 
from CC to V-. 


FIGURE 10 — RECEIVE CIRCUIT 
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FIGURE 12 — EQ (PIN 6) DC VOLTAGE 


FIGURE 11 — EQUALIZATION AMPLIFIER GAIN 
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FIGURE 13 — DTMF TONE DIALER 
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FIGURE 14 — INPUT BIASING 
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APPLICATIONS INFORMATION 


AC IMPEDANCE . 

One of the basic problems with early telephones is 
that the performance varied with different line lengths 
(distance from the Central Office to the telephone). If a 
particular phone were optimized for short loops and 
then connected to a long loop, both the transmitted and 
receive signals would be difficult to hear. On the other 
hand, phones optimized for long loops would then be 
annoyingly loud on short loops. The process of equal- 
ization is one whereby the performance is forced to vary 
with loop length inversly to the expected variations. 
Monitoring of loop length is accomplished by monitor- 
ing the loop current at the telephone. In the MC34014, 
loop length equalization is provided by varying the ac 
impedance of the telephone circuit. In this manner the 
MC34014 mimics a passive network, with varistors pro- 
viding the equalization. 

Figure 15 depicts the situation in the receive mode. 
_ The receive signal coming from the Central Office is Vs 
and is independent of the loop length. Zp is the ac 
impedance of the Central Office, nominally 900 ©. Z; is 


the characteristic impedance of the phone line, and is 
a nominal 600 ©. The signal applied to the line (V4) is 
therefore a portion of Vs. That signal is attenuated by 
the distributive impedance of the phone line, with a re- 
sulting signal V2 at the telephone. The amplitude of V2 
depends on the amount of attenuation, the impedance 
of the phone line at the telephone and the ac impedance 
of the telephone (Za,), according to: 


V4 » 4 Zac 


V2= 
Zac + ZL 

where Vj is the equivalent signal source at the re- 
ceive end of the phone line, providing the signal V2 
through the impedance equal to the characteristic 
impedance of the line (ZL). The value of Vj depends 
on how much Vj has been attenuated by the length 
of phone line. By increasing Zac on long loops, V9 is 
a greater portion of V4, resulting in a stronger receive 

signal at the telephone. 


FIGURE 15 — RECEIVE MODE 


Central : 


Figure 16 depicts the situation in the transmit mode. 
In this mode, the MC34014 is an ac current source, with 
a finite output impedance, modulating the loop current. 
The voltage signal V1 is therefore equal to the ac signal 
current acting on Zag in parallel with the characteristic 


Phone Line 


Telephone 
iad 


Cece ee eee eens oe ee ee ee ee ee 


impedance of the phone line (Z; ). The signal is atten- 
uated by the distributive impedance of the phone line, 
andso only a portion of that signal (V2) appears at the 
Central Office. By increasing Zac on long loops, V1 is 
increased, resulting in a higher signal level at V2. 


FIGURE 16 — TRANSMIT MODE 
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The ac impedance of the telephone circuit is deter- 
mined by the transmit amplifier, equalization amplifier, 
and external resistors Rg, Rg, and Rg. In Figure 17, a 
portion of the receive signal at V+ appears at EQ. That 
signal is reduced at TXI by the Rg-R¢ divider (the electret 
microphone is a high impedance). The signal at TXI is 
then amplified by 20, and that signal (at TXO) is con- 
verted to an ac current by R9. The ac impedance of the 
circuit is therefore V+/ITxo, and is defined by the fol- 
lowing equation: 

7.. _ {1+ Re/Rg) (Rg) 
ac 20x Ax (Rg/R6) 


where A = the gain of the equalization amplifier 
(0.25 to 0.75) 


Since the gain of the equalization amplifier varies by 
a factor of 3, the ac impedance will vary the same 
amount. Using the resistor values indicated in Figure 1, 
the ac impedance will vary from 280 © (short loop) to 
840 2 (long loop). 


When calculating or measuring the ac impedance, ca- 
pacitor Cg (~8.0 kO at 1.0 kHz) and the dynamic imped- 
ance of the MC34014 (~10 kQ) must be taken into ac- 
count. If the microphone has an impedance lower than 
that of a typical electret, then its dynamic impedance 
must be accounted for in the above equation. 


FIGURE 17 — DETERMINING AC IMPEDANCE 
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If a variation in Zac of less than 3:1 is desired, the 
circuit configuration of Figure 18 may be used. The ac 
impedance is the parallel combination of Ry and the 


VR 
Regulator 


impedance presented by the remainder of the circuit. 


With the values shown in Figure 18, the ac impedance 
varies from 400 ©. to 800 ©. 


FIGURE 18 — REDUCED AC IMPEDANCE VARIATION 
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TRANSMIT DESIGN PROCEDURE 

Referring to Figure 17, first select Rg for the desired 
maximum output level at Tip & Ring, assuming a signal 
level at TXO of 1.0 V p-p. The maximum signal level at 
Tip & Ring will be approximately: 


(VTxo) (Zz) 
Rg. 


where Z, is the characteristic ac impedance of the 
phone line. Capacitor Cg and the ~10 kM. dynamic 
impedance of the MC34014 must also be considered 
in the above computation, since they are in parallel 
with Z,. 

The next step is to select the Rgé/Rg ratio, according 
to the required Zac-, using the equation on the previous 
page. Then Rg is selected to set the microphone sen- 
sitivity. Rg is typically in the range of 0.5 k to 1.5 kQ, 
and is dependent on the characteristics of the micro- 
phone. Rg is then calculated from the above men- 
tioned ratio. 


FIGURE 19 — ALTERNATE MICROPHONE BIAS 
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The overall gain from the microphone to V+ will vary 
with loop current due to the influence of the equalization 
amplifier on TXI. The signal at EQ is out of phase with 
that at TX], therefore the signal at V+ decreases as loop 
current (and the EQ signal) increases. Variations are typ- 
ically 2.0 to 5.0 dB and depend largely on the impedance 
characteristics of the microphone. 


ALTERNATE MICROPHONE BIASING 

In the event that the microphone cannot be properly 
biased from the 1.2 volt VR supply, a higher voltage can 
be obtained by biasing from the V+ supply. The con- 
figuration shown in Figure 19, provides a higher voltage 
to the microphone, and also filters the speech signals 
at V+ from reaching it, preventing an oscillatory loop 
from forming. The maximum voltage limit of the 
microphone must be considered when biasing this way. 


If a dynamic microphone is to be used in place of an 
electret unit, the circuit in Figure 20 will buffer its low 
impedance from the MC34014 circuit, maintaining the 
high impedance required at the junction of Rg and Rg. 
The circuit shown provides a gain of ~2.6 for the mi- 
crophone signals, and can be adjusted by varying the 
160 1 resistor. 


HANDSET/HANDS-FREE TELEPHONE 

Figure 23 indicates a circuit using the MC34014 
speech network, MC34018 speakerphone circuit, and the: 
MC34017 tone ringer to provide a complete telephone/ 
speakerphone. Switch HS (containing. one normally 
open and one normally closed contact) is the hook 
switch actuated by the handset, shown in the on-hook 
position. When the handset is off-hook (HS1 open, HS2 
closed), power is applied to the MC34014, and conse- 
quently the handset, and the CS pin of the MC34018 is 
held high so as to disable it. Upon closing the two poles 
of switch SS, and placing switch HS in the on-hook po- 
sition, power is then applied to both the MC34014 and 
the MC34018, and CS is held low, enabling the speak- 
erphone function. Anytime the handset is removed from 
switch HS, the circuit reverts to the handset mode. The 
diode circuitry sets the MC34014 to the pulse dialing 
mode to mute the handset microphone and receiver 
when using the speakerphone. To compensate for the 


_ different equalization response of the MC34014 when in 


Dynamic 
Microphone 


FIGURE 20 — INTERFACING A DYNAMIC MICROPHONE 


MC34014 


(150 0) 


the pulse dialing mode (Figures 9 and 11), the 47 © re- 
sistor normally found at Pin 13 of the MC34014 is instead 
divided into two resistors (33 1. and 15 ©). This arrange- 
ment provides similar equalization response in both the 
handset and in the speakerphone modes. Since the LC 
capacitor (Pin 12) is ineffective in the speakerphone 
mode, a capacitor is added at Pin 5 (CC) to provide com- 
pensation for the equalization loop when the speaker- 
phone mode is in effect. 


SWITCHABLE TONE/PULSE TELEPHONE 

Figure 21 indicates.a switchable tone/pulse telephone 
circuit using the MC145412 tone/pulse dialer, MC34014 
speech network, and the MC34017 tone ringer. The di- 
aler is programmable, and can store up to 10 phone 
numbers. As can be seen, the interface to the MC34014 
is straightforward. 


PULSE ONLY TELEPHONE 

Figure 22 indicates a pulse only telephone circuit us- 
ing the MC145409 pulse dialer, MC34014 speech net- 
work, and the MC34017 tone ringer. The dialer has last 
number redial, and provides a pacifier tone to the re- 
ceiver during dialing. 
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FIGURE 21 — COMPLETE TELEPHONE WITH PULSE/TONE DIALING 
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FIGURE 22 — COMPLETE TELEPHONE WITH PULSE DIALING 
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FIGURE 23 — SWITCHABLE HANDSET/HANDSFREE SYSTEM 
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Recommended External Components 
Piezo Sounder 

Models KSN 1113-1116 
Motorola, Inc. 

Albuquerque, N.M. 

505-822-8801 


TRANSIENT PROTECTION & RFI SUPPRESSION 

Protection from voltage transients is necessary in 
most telephone circuits, and may take the form of zener 
diodes, RC or LC filters, transient suppressors, or a com- 
bination of the above. 

Potential radio frequency interference problems 
should be addressed early in the electrical and me- 
chanical design of the telephone. RFI may enter the cir- 


Microphone/Receiver 
Microphone model EM-95 
Receiver model DH-34 
Primo Microphone, Inc. 
Elk Grove Village, Ill. 
312-595-1022 


Microphone Model KUC2123 
Hosiden Electronics 
Chicago, Ill. 

312-956-7707 


cuitry through the Tip & Ring lines, through the micro- 
phone and/or receiver leads in the handset cord, or 
through any of the wiring or PC board traces. Ceramic 
decoupling capacitors, ferrite beads, and other RFI 
suppression techniques may be needed. Good PC board 
design techniques, such as the avoidance of loops, 
should be used. Long tracks on high impedance nodes 
should be avoided. 
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Advance Information | 


TELEPHONE 
TONE RINGER 


TELEPHONE TONE RINGER 


BIPOLAR LINEAR/IZL 


@ Complete Telephone Bell Replacement Circuit with Minimum 
External Components 


On-Chip Diode Bridge and Transient Protection 
Direct Drive for Piezoelectric Transducers 
Push Pull Output Stage for Greater Output Power Capability 


Base. Frequency Options — MC34017-1: 1.0 kHz 
MC34017-2: 2.0 kHz 
MC34017-3: 500 Hz 


Input Impedance Signature Meets Bell and EIA Standards 
Rejects Rotary Dial Transients 


PLASTIC PACKAGE 
CASE 626-04 


APPLICATION CIRCUIT 


MC34017-X 


Piezo Sound 
Element 


MC34017-1: C = 1000 pF 
MC34017-2: C 500 pF 
MC34017-3: C = 2000 pF 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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APPLICATION CIRCUIT PERFORMANCE (Refer to Circuit on First Page.) 


Output Tone Frequencies 
MC34017-1 808/1010 
MC34017-2 1616/2020 
MC34017-3 404/505 
Warble Frequency 12.5 


Output Voltage 


Output Duty Cycle 
Ringing Stop Input Voltage (20 Hz) 


V 


Impedance When Ringing 
= 40 Vims, 15 Hz 
= 130 Vims, 23 Hz 


= 10 Ving, 24 Hz 
= 2.5 Ving, 24 Hz 
= 10 Vime? 5.0 Hz 
V, = 3.0 Vrms, 200-3200 Hz 


Maximum Transient Input Voltage 
(T < 2.0 ms) 


Ringer Equivalence: Class A 
Class B 


PIN DESCRIPTIONS 
Description 


The input terminals to the full-wave diode bridge. The ac ringing signal from the telephone line 
energizes the ringer through this bridge. 


The input of the threshold comparator to which diode bridge current is mirrored and sensed 
through an external resistor (R3). Nominal threshold is 1.2 volts. This pin internally clamps at 1.5 


The positive supply terminal for the oscillator, frequency divider and output buffer circuits. 


RO1, RO2 The tone ringer output terminals through which the sound element is driven. 


RG The negative terminal of the diode bridge and the negative supply terminal of the tone 
generating circuitry. 


The oscillator terminal for the external resistor and capacitor which control the tone ringer 
frequencies (R2, C2). 


MAXIMUM RATINGS (Voltages Referenced to RG, Pin 7) 


a 
Operating AC Input Current (Pins 1, 8) ae See mA, RMS 
Transient Input Current (Pins 1, 8) (T<2.0 ms) 


[Voltage Applied at AS (Pins) ——~SCSC~“~*‘“*S*“‘*‘“~*S*Sé~dSC*‘“‘C*C'SOSOSC*dSO 
[Power Dissipation (@25¢)SSSCSCSCSC~‘“s*‘“‘“‘“‘iSSCSCSCt 
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ELECTRICAL CHARACTERISTICS (T, = 25°C) 


Ringing Start Voltage 
(Vstart = Vj @ Ring Start) 
V\>0 
V\<0 


Ringing Stop Voltage 
(Vstop = Vi @ Ring Stop) 
C34017-1 
MC34017-2 
MC34017-3 


Output Frequencies (V; = 50 V) 
MC34017-1 High Tone 
Low Tone 

Warble Tone 
MC34017-2 High Tone 
Low Tone 

Warble Tone 
MC34017-3 High Tone 
Low Tone 

Warble Tone 


Output Short-Circuit Current 


Input Diode Voltage 
(I = 5.0 mA) 


Input Voltage — SCR Off 
(I = 30 mA) 


Input Voltage — SCR On 
(I) = 100 mA) 


RS Clamp Voltage 
(V; = 50 V) | 


Ri C1 Diode Bridge 


Tip O AC | 
! Input | 
| Current | 
Ring O 
AC, Lara 
Transient “Biase 
| wleme Bia | Be 5 Sound 
| = Push Pull Element 


Output Buffer 


Tone 


Oscillator Frequency 
RC iw Divider Pe 
® 
C2 2R2 | . ipa Threshold | R3 C3 
il | Warble Comparator | 
% Vv, 


| Frequency Divider RG 
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CIRCUIT DESCRIPTION 

The MC34017 Tone Ringer derives its power supply When the voltage on capacitor C3 exceeds 1.2 volts, the 
by rectifying the ac ringing signal. It uses this power to threshold comparator enables the tone ringer output. 
activate a tone generator and drive a piezo-ceramic Line transients produced by pulse dialing telephones 
transducer. The tone generation circuitry includes a re- do not charge capacitor C3 sufficiently to activate the 
laxation oscillator and frequency dividers which pro- tone ringer output. 
duce high and low frequency tones as well as the tone Capacitors C1 and C4 and resistor R1 determine the 
warble frequency. The relaxation oscillator frequency f, 10 volt, 24 Hz signature test impedance. C4 also pro- 
is set by resistor R2 and capacitor C2 connected to pin vides filtering for the output stage power supply to pre- 
RC. The oscillator will operate with fg from 1.0 kHz to vent droop in the square wave output signal. Six diodes 
10 kHz with the proper choice of external components in series with the rectifying bridge provide the neces- 
(See Figure 1). sary non-linearity for the 2.5 volt, 24 Hz signature tests. 

The frequency of the tone ringer output signal at RO1 An internal shunt voltge regulator between the RI and 
and RO2 alternates between f,/4 to fy/5. The warble RG terminals provides dc voltage to power output stage, 
rate at which the frequency changes is f,/320 for the oscillator, and frequency dividers. The dc voltage at RI 
MC34017-1, f,/640 for the MC34017-2, and f,/160 for is limited to approximately 22 volts in regulation. To 
the MC34017-3. With a 4.0 kHz oscillator frequency, the protect the IC from telephone line transients, an SCR is 
MC34017-1 produces 800 Hz and 1000 Hz tones with a triggered when the regulator current exceeds 50 mA. 
12.5 Hz warble rate. The MC34017-2 generates 1600 Hz The SCR diverts current from the shunt regulator and 
and 2000 Hz tones with a similar 12.5 Hz warble fre- reduces the power dissipation within the IC. 


quency from an 8.0 kHz oscillator frequency. The 
MC34017-3 will produce 400 Hz and 500 Hz tones with 
a 12.5 Hz warble rate from a 2.0 kHz oscillator frequency. 
The tone ringer output circuit can source or sink 20 mA EXTERNAL COMPONENTS 
with an output voltage swing of 37 volts peak-to-peak. 
Volume control is readily implemented by adding a 
variable resistance in series with the piezo transducer. 

Input signal detection circuitry activates the tone 
ringer output when the ac line voltage exceeds pro- 
grammed threshold level. Resistor R3 determines the 
ringing signal amplitude at which an output signal at 
RO1 and RO2 will be generated. The ac ringing signal 
is rectified by the internal diode bridge. The rectified 
input signal produces a voltage across R3 which is ref- 
erenced to RG. The voltage across resistor R3 is filtered 
by capacitor C3 at the input to the threshold circuit. 


Line input resistor. R1 affects the tone 
ringer input impedance. It also influences 
ringing threshold voltage and limits current 
from line transients. 
(Range: 2.0 kN to 10 kQ). 


Line input capacitor. C1 ac couples the tone 
ringer to the telephone line and controls ringer 
input impedance at low frequencies. 

(Range: 0.4 uF to 2.0 pF). 


Oscillator resistor. 

(Range: 150 kQ to 300 k?). 
Oscillator capacitor. 
(Range: 400 pF to 3000 pF). 


Input current sense resistor. R3 controls the 
ringing threshold voltage. Increasing R3 
decreases the ring-start voltage. 

(Range: 5.0 kN. to 18 kQ). 


FIGURE 1 — OSCILLATOR PERIOD (1/f,) versus 
OSCILLATOR R2 C2 PRODUCT 


Ringing threshold filter capacitor. C3 filters the 
ac voltage across R3 at the input of the ringing 
threshold comparator. It also provides dialer 
transient rejection. 
(Range: 0.5 uF to 5.0 pF). 


Ringer supply capacitor. C4 filters supply 
voltage for the tone generating circuits. 
It also provides an ac current path for the 
10 Vims ringer signature impedance. 
(Range: 1.0 uF to 10 pF). 


R2C2 (us) 


(If, = 1.45 R2C2 + 10 us) 
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FIGURE 2 — TEST ONE 


MC34017-1: C = 1000 pF* 
MC34017-2: C = 500 pF* 
MC34017-3: C = 1000 pF* 


. Increase V, from +33 volts while monitoring 
Vo: Vstart(+) equals V; when Vg commences 
switching. . 

. Decrease V; from —33 volts while monitoring 
Vo: Vstart(—) equals V; when Vo commences 
switching. 

. Decrease V, from +40 volts while monitoring 
Vo: VStop equals V; when Vo ceases 
switching. 


iS) 
(Normally open) 


. Set V; to +50 volts. Close S1. Measure 
frequencies fy, f,,, and fy. 


IC1—MC14011B Q1—2N3904 
“1C2—MC14538B | 
Vpp = 12V MC34017-1: R 
MC34017-2: R 


*Indicates 1% tolerance MC34017-3: R 


(5% otherwise) 
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FIGURE 3 — TEST TWO 


0.2 uF 


With Vec = 4.0 volts, close S4. Switch So to Pin 2 and measure 
current at Pin 2 (lo1). Repeatedly switch Vac between 4.0 volts 
and 0 volts until Pin 2 current changes polarity. Measure the 
MC34017-1: C = 1000 bF* opposite polarity current (lo2). Calculate: 
MC34017-2:C = 500 OE nar = loth ree 
MC34017-3: C = 1000 oF* Switch $2 to Pin 3 and repeat. 
p Calculate: 


| = |lo1| + |lo2| 
*tndicates 1% tolerance (5% otherwise) RO2 


FIGURE 4 — TEST THREE 


Measure voltage at Pin 1. 
160 k* 


C 


MC34017-1: C = 1000 pF* 
MC34017-2: C = 500 pF* 
-3: = * 
*Indicates 1% tolerance (5% otherwise) MEAS AOCOSRE 
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FIGURE 5 — TEST FOUR | 


0.2 pF 


ae a. Set |; to 30 mA. Measure voltage at Pin 1 
MC34017-1: C = 1000 pF* ; . (Vo¢e) 

MC34017-2: C = 500 pF* 

MC34017-3: C = 1000 pF* 


b. Set |) to 100 mA. Measure voltage at Pin 1 
(Von): , 


(Each test < 30 ms) 
*Indicates 1% tolerance (5% otherwise) 


FIGURE 6 — TEST FIVE 


im 


MC34017-1: C = 1000 pF* 
MC34017-2: C = 500 pF* 
MC34017-3: C = 1000 pF* 


_ *Indicates 1% tolerance (5% otherwise) 
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FIGURE 7 — TEST SIX 


MC34017-1: C = 1000 pF* With Vec = 4.0 volts, close S,. Measure dc voltage between 
MC34017-2: C 500 pF* Pins 2 and 3 (Vo1). Repeatedly switch Vac between 4.0 volts 
MC34017-3: C = 1000 pF* and 0 volts until Pins 2 and 3 change state. Measure the new 
voltage between Pins 2 and 3 (Vo2). 

Calculate: 

Vo = [Voi] + |Vo2| 


*Indicates 1% tolerance (5% otherwise) 
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MOTOROLA | | 
= SEMICONDUCTOR =I 
TECHNICAL DATA 


MC34018 


Specifications and Applications 
Information 


VOICE SWITCHED 
: SPEAKERPHONE CIRCUIT 
VOICE SWITCHED SPEAKERPHONE CIRCUIT 


The MC34018 Speakerphone integrated circuit incorporates the 
necessary amplifiers, attenuators, and control functions to pro- 
duce a high quality hands-free speakerphone system. Included 
are a microphone amplifier, a power audio amplifier for the 
speaker, transmit and receive attenuators, a monitoring system 
for background sound level, and an attenuation control system 
which responds to the relative transmit and receive levels as well 
as the background level. Also included are all necessary regulated 
voltages for both internal and external circuitry, allowing line- 
powered operation (no additional power supplies required). A 
Chip Select pin allows the chip to be powered down when not in 
use. A volume control function may be implemented with an 
external potentiometer. MC34018 applications include speaker- 
phones for household and business use, intercom systems, au- 
tomotive telephones, and others. - 


SILICON MONOLITHIC 
INTEGRATED CIRCUIT 


athe P SUFFIX 


PLASTIC PACKAGE 
CASE 710-02 


@ All necessary level detection and attenuation controls for a 
hands-free telephone in a single integrated circuit DW SUFFIX SE: 
PLASTIC PACKAGE <a 
28 
CASE 751F-03 € 
SO-28 ! 


Background noise level monitoring with long time constant 
Wide operating dynamic range through signal compression 
On-chip supply and reference voltage regulation 


Typical 100 mW output power (into 25 Ohms) with peak limiting 
to minimize distortion 


Chip Select pin for active/standby operation 


Linear Volume Control Function 
Standard 28-pin plastic DIP package (0.600 inch wide), PLCC 
package, and SOIC package 


FN SUFFIX 
PLASTIC PACKAGE 
CASE 776-02 
PLCC-28 


BLOCK DIAGRAM 


ELECTRET eae ge ge GeO GN gE, ap fee ee ee, eee 
MIC | | 


| TRANSMIT CHANNEL 
$$$ TRANSMIT 
ATTENUATOR 


TRANSMIT 
OUTPUT 


: TRANSMIT 
LEVEL 
l DETECTOR 
| SIGNAL! iz TRANSMIT/ 
l NOISE ATTENUATOR RECEIVE 
| DETECTOR CONTROL COMPARATOR 
| 
l PEAK RECEIVE 
LIMITER | LEVEL 
: DETECTOR 
SPEAKER RECEIVE 
AMP ATTENUATOR 
= —_—_—— 
SPEAKER | RECEIVE CHANNEL 


TELEPHONE 


cc 
| DC INPUT 
LINE 
pees L 
fe T_ ENABLE 


RECEIVE VOLUME CONTROL INPUT 


| SPEAKERPHONE IC SYSTEM 
[_ MC34018 
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PIN DESCRIPTION 


Pin[Namel Description 
Ee A resistor to ground provides a reference current 


for the transmit and receive attenuators. 


2 | RTX | Aresistor to ground determines the nominal gain 
of the transmit attenuator. The transmit channel 
gain is inversely proportional to the RTX 


resistance. 


3 | TX! | Input to the transmit attenuator. Input resistance 


is nominally 5.0 k ohms. 


Output of the transmit attenuator. The TXO out- 
put signal drives the input of the transmit level 
detector, as well as the external circuit which 
drives the telephone line. 


Input of the transmit level detector. An external 
resistor ac coupled to the TLI pin sets the detec- 
tion level. Decreasing this resistor increases the 
sensitivity to transmit channel signals. 


Output of the transmit level detector. The external 
resistor and capacitor set the time the comparator 
will hold the system in the transmit mode after 
speech ceases. 


Mc 
cP1 
C 

| 


Input of the receive level detector. An external 
resistor ac coupled to the RLI pin sets the detec- 
tion level. Decreasing this resistor increases the 
sensitivity to receive channel signals. 


Output of the receive level detector. The external 
resistor and capacitor set the time the comparator 
will hold the system in the receive mode after the 
receive signal ceases. 


Microphone amplifier input. Input impedance is 
nominally 10 k ohms and the dc bias voltage is 
approximately equal to VB. 


O| Microphone amplifier output. The mic amp gain 
is internally set at 34 dB (50 V/V). 
A parallel resistor and capacitor connected be- 
tween this pin and Vcc holds a voltage corre- 
sponding to the background noise level. The 
transmit detector compares the CP1 voltage with 
the speech signal from CP2. 


P2 |A capacitor at this pin peak detects the speech 
signals for comparison with the background 


noise level held at CP1. 


Input to the transmit detector system. The micro- 
phone amplifier output is ac coupled to the XDI 
pin through an external resistor. 


KG | High current ground pin for the speaker amp out- 
put stage. The SKG voltage should be within 10 


mV of the ground voltage at Pin 22. 


ss) 

SKO | Speaker amplifier output. The SKO pin will source 
and sink up to 100 mA when ac coupled to the 
speaker. The speaker amp gain is internally set 
at 34 dB (50 V/V). 


V+ | Input dc supply voltage. V+ can be powered from 
Tip and Ring if an ac decoupling inductor is used 


to prevent loading ac line signals. The required 
V+ voltage is 6.0 to 11 V (7.5 V nominal) at 7.0 


mA. 


28 | RRX | Aresistor to ground determines the nominal gain 
of the receive attenuator. The receive channel 
gain is directly proportional to the RRX 


Pin|Name|Dessiption 


17 | AGC |A capacitor from this pin to VB stabilizes the 
speaker amp gain control loop, and additionally 
controls the attack and decay time of this circuit. 
The gain control loop limits the speaker amp in- 
put to prevent clipping at SKO. The internal re- 
sistance at the AGC pin is nominally 110 k ohms. 


18|CS_ | Digital chip select input. When at a Logic “0” 
(<0.7 V} the Vcc regulator is enabled. When at a 
Logic “1” (>1.6 V), the chip is in the standby 
mode drawing 0.5 mA. An open CS pin is a Logic 
“0’’. Input impedance is nominally 140 k ohms. 
The input voltage should not exceed 11 V. 


SKI | Input to the speaker amplifier. Input impedance 
is nominally 20 k ohms. 

20 | Vcc | A5.4V regulated output which powers all circuits 
except the speaker amplifier output stage. Vcc 
can be used to power external circuitry such as 
a microprocessor (3.0 mA max). A filter capacitor 
is required. The MC34018 can be powered by a 
separate regulated supply by connecting V+ and 
Vcc to a voltage between 4.5 V and 6.5 V while 

cae hae 

21|VB 
current may be sourced from VB. Output imped- 
ance is 250 ohms. A filter capacitor is required. 

22 | Gnd | Ground pin for the IC (except the speaker 
amplifier). 


23 | XDC | Transmit detector output. A resistor and capacitor 
at this pin hold the system in the transmit mode 
during pauses between words or phrases. When 
the XDC pin voltage decays to ground, the atten- 
uators switch from the transmit mode to the idle 


maintaining CS at a Logic 


An output voltage equal to approximately Vcc/2 
which serves as an analog ground for the speak- 
erphone system. Up to 1.5 mA of external load 


mode. The internal resistor at XDC is nominally 
2.6 k ohms (see Figure 1). 


Volume control input. Connecting this pin to the 
slider of a variable resistor provides receive mode 
volume control. The VLC pin voltage should be 
less than or equal to VB. 


. ACF | Attenuator control filter. A capacitor connected to 


24 | VLC 


this pin reduces noise transients as the attenuator 
control switches levels of attenuation. 


26 | RXO | Output of the receive attenuator. Normally this 
pin is ac coupled to the input of the speaker 
amplifier. 


27 | RXI | Input of the receive attenuator. Input resistance | 
is nominally 5.0 k ohms. 


resistance. 


Note: Pin numbers are identical for the DIP, PLCC, and SOIC packages. 
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ABSOLUTE MAXIMUM RATINGS 
(Voltages referred to Pin 22) (TA = 25°C) 


_ “Maximum Ratings” are those values beyond which the safety of the device cannot be guaranteed. 
- They are not meant to imply that the devices should be operated at these limits. 
The “Electrical Characteristics” tables provide conditions for actual device operation. 


RECOMMENDED OPERATING CONDITIONS 


Sirine) — 
icc (Pin 20) 
| VLC (Pin 24) | | 0.55VB to VB __ 


Receive Signal (Pin 27). | 
Microphone Signal (Pin 9) 
Speaker Amp Ground (Pin 14) 


Ambient Temperature °C 


ELECTRICAL CHARACTERISTICS (Refer to Figure 1) 


| Parameter | Symbol | Pin | Min | Typ | Max | Units 


SUPPLY VOLTAGES 


V+ Supply Current . 
V+ = 11V, Pin18 = 0.7 V 
V+ = 11V, Pin 18 = 1.6V 


Vcc Voltage (V+ = 7.5 V) 
Line Regulation (6.5 V < V+ < 11 V) 
Output Resistance (icc = 3.0 mA) 
Dropout Voltage (V+ = 5.0 V). 


VB Voltage (V+ = 7.5 V) 
Output Resistance (IB = 1.7 mA) 
ATTENUATORS 


Receive Attenuator Gain (@ 1.0 kHz) 
Rx Mode, Pin 24 = VB; Pin 27 = 250 MVrms 
Range (Rx to Tx Modes) 
Idle Mode, Pin 27 = 250 MVims 


RXO Voltage (Rx Mode) 


Delta RXO Voltage (Switch from RX to TX Mode) 
RXO Sink Current (Rx Mode) 

RXO Source Current (Rx Mode) 

RXI Input Resistance 


| Volume Control Range (Rx Attenuator Gain, Rx Mode, 
0.6 VB < Pin 24 < VB) 
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ELECTRICAL CHARACTERISTICS (continued) 


Parameter Symbol [rin win | twp [Max | Unme | 


ATTENUATORS 


Transmit Attenuator Gain (@ 1.0 kHz) 


Tx Mode, Pin 3 = 250 MVims GTx dB 
Range, (Tx to Rx Mode) AGTX dB 
Idle Mode, Pin 3 = 250 MVrms GTX! dB 
TXO Voltage (Tx Mode) VTXO Vdc 


Deita TXO Voitage (Switch from Tx to Rx Mode) 
TXO Sink Current (Tx Mode) 
TXO Source Current (Tx Mode) 


TXI Input Resistance 


ACF Voltage (Vcc — Pin 25 Voltage) 
Rx Mode 
Rx Mode 
Idle Mode 


SPEAKER AMPLIFIER 
Speaker Amp Gain (Pin 19 = 20 MVrms) 


SKI Input Resistance 
SKO Voltage (Pin 19 = Cap Couple to GND) 


SKO High Voltage (Pin 19 = 0.1 V, — 100 mA load 
at Pin 15) 


SKO Low Voltage (Pin 19 = —0.1 V, +100 mA load 
at Pin 15) 

MICROPHONE AMPLIFIER 

Mike Amp Gain (Pin 9 = 10 MVrms, 1.0 kHz) 


Mike Amp Input Resistance 
LOGAMPS 
RLO Leakage Current (Pin 8 = VB + 1.0 V) ILKRLO 


TLO Leakage Current (Pin 6 = VB + 1.0 V) ILKTLO 


Transmit-Receive Switching Threshold 
(Ratio of ITLI to IRLI — at 20 uA — to switch Tx-Rx ITH 
Comparator) 


TRANSMIT DETECTOR 


XDC Voltage — Idle Mode 
Tx Mode 


CP2 Current Source 
DISTORTION 


Rx Mode — RXI to SKO 
(Pin 27 = 10 MVrms, 1.0 kHz) 


Tx Mode — MCI to TXO 


NOTES: 1. V+ = 7.5 V, CS = 0.7 V except where noted. 
2. Rx Mode: Pin 7 = —100 pA, Pin 5 = +100 vA, except where noted. 
Tx Mode: Pin 5, 13 = —100 pA, Pin 7 = +100 nA, Pin 11 = 0 volts. 
idle Mode: Pin 5 = —100 pA, Pin 7, 13 = +100 pA. 
3. Current into a pin designated as +; current out of'a pin designated as — 
4. Voltages referred to Pin 22. Ta = +25°C. 
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_TEMPERATURE CHARACTERISTICS (-— 20 to + ere) 


| Typical 
Parameter Change 


V+ Supply Current (V+ = 11 V, Pin 18 = 


V+ Supply Current (V+ = 11 V, Pin 18 
Vcc Voltage (V+ = 7.5 V) 


Attenuator Gain (Max and Min Settings) 
Delta RXO, TXO Voltages — 

Speaker Amp Gain 

Microphone Amp Gain 

Microphone Amp Input Resistance 
Tx-Rx Switching Threshold (@ 20 uA) 


DESIGN GUIDELINES (Refer to Figure 1) 


ATTENUATORS 

The transmit and receive attenuators are comple- 
mentary in function, i.e., when one is at maximum gain 
the other is at maximum attenuation, and vice versa. 
They are never both on or both off. Their main purpose 
is to control the transmit and receive paths to provide 
the half-duplex operation required of a speakerphone. 
The attenuators are controlled solely by the voltage at 
the ACF pin (Pin 25). The ACF voltage is provided by 
the Attenuator Control! block, which receives 3 inputs: 
a) the Rx-Tx Comparator, b) the Transmit Detector Com- 
parator, and c) the Volume Control. The response of the 
attenuators is based on the difference of the ACF voltage 
from Vcc, and therefore a simple method for monitor- 
ing the circuit operation is to monitor this voltage dif- 
ference (referred to as AVacf). If AVacf is approximately 
6 millivolts the transmit attenuator is fully on and the 
receive attenuator is fully off (transmit mode). If AVacf 
is approximately 150 millivolts the circuit is in the re- 
ceive mode. If AVacf is approximately 75 millivolts, the 
circuit is in the idle mode, and the two attenuators are 
at gain settings approximately half way (in dB) between 
their fully on and fully off positions. 

The maximum gain and attenuation values are de- 
termined by the three resistors RR, RTX, and RRX (Refer 
to Figures 2, 3 and 4). RR affects both attenuators ac- 
cording to its value RELATIVE to RTX and RRX, which 
is why Figure 4 indicates the variations versus the ratio 
of the other resistors to RR. (GRX and GTX are the max- 
imum gains, and ARX and ATX are the maximum at- 
tenuations). RTX affects the gain and attenuation of only 
the transmit attenuator according to the curves of Figure 
2, while RRX affects only the receive attenuator accord- 
ing to Figure 3. As can be seen from the figures, the 
gain difference (from on to off) is a reasonably constant 
45 dB until the upper gain limit is approached. A value 
of 30 k is recommended for RR as a starting point, and 
then RTX and RRX selected to suit the particular design 
goals. 


The input impedance of the attenuators (at TXI and 
RXI) is typically 5.0 kQ, and the maximum input signal 
which will not cause output distortion is 250 MVrms 
(707 mVp-p). The 4300 ohm resistor and 0.01 uF ca- 
pacitor at RXO (in Figure 1) filters out high frequency 
components in the receive path. This helps minimize 
high frequency acoustic feedback problems which may 


occur if the filter were not present. The filter’s insertion 
loss is 1.5 dB at 1.0 kHz. The outputs of the attenuators 
are inverted from their inputs. | 

Referring to the attenuator control block, the AVacf 
voltage at its output is determined by three inputs. The 
relationship of the inputs and output is summarized in 
the following truth table: 


Transmit 
Det 
Comp 


Volume 
Control 


No Effect 
No Effect 
Affects AVacf 
Affects AVacf 


AVacf 


6.0 mV 
75 mV 
50-150 mV 
50-150 mV 


Mode 


Transmit 
Idle 
Receive 
Receive 


Transmit 
Idle 
Transmit 
Idle 


Transmit 
Transmit 
Receive 
Receive 


As can be seen from the truth table, the Tx-Rx com- 
parator dominates. The Transmit Detector Comparator 
is effective only in the transmit mode, and the Volume 
Control is effective only in the receive mode. 

The Tx-Rx comparator is in the transmit position 
when there is sufficient transmit signal present over and 
above any receive signal. The Transmit Detector Com- 
parator then determines whether the transmit signal is 
a result of background noise (a relatively stable signal), 
or speech which consists of bursts. If the signal is due 
to background noise, the attenuators will be put into 
the idle mode (AVacf = 75 mV). If the signal consists 
of speech, the attenuators will be switched to the trans- 
mit mode (AVacf = 6.0 mV.) A further explanation of 
this function will be found in the section on the Transmit 
Detector Circuit. 

The Tx-Rx comparator is in the receive position when 
there is sufficient receive signal to overcome the back- 
ground noise AND any speech signals. The AVacf volt- 
age will now be 150 mV IF the volume control is at the 
maximum position, i.e. VLC (Pin 24) = VB. IF VLC is 


less than VB, the gain of the receive attenuator, and the 


attenuation of the transmit attenuator, will vary in a 
complementary manner as shown in Figure 5. It can be 
seen that at the minimum recommended operating 
level (VLC = 0.55 VB) the gain of the transmit attenuator 
is actually greater than that of the receive attenuator. 
The effect of varying VLC is to vary AVacf, with a re- 
sulting variation in the gains of the attenuators. Figure 
6 shows the gain variations with AVacf. 
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The capacitor at ACF (Pin 25) smooths the transition 
between operating modes. This keeps down any 
“clicks” in the speaker or transmit signal when the ACF 
voltage switches. 

The gain separation of the two attenuators can be 
reduced from the typical 45 dB by adding a resistor 
between Pins 20 (Vcc) and 25 (ACF). The effect is a 
reduction of the maximum AVacf voltage in the receive 
mode, while not affecting AVacf in the transmit mode. 
As an example, adding a 12 kOQ resistor will reduce AVacf 
by approximately 15 mV (to 135 mV), decrease the gain 
of the receive attenuator by approximately 5.0 dB, and 
increase the gain of the transmit attenuator by a similar 
amount. If the circuit requires the receive attenuator 
gain to be +6.0 dB in the receive mode, RRX must be 
adjusted (to ~ 27 k) to re-establish this value. This 
change will also increase the receive attenuator gain in 
the transmit mode by a similar amount. The resistor at 
TLI may also require changing to reset the sensitivity 
of the transmit level detector. 


LOG AMPLIFIERS 
(Transmit and Receive Level Detectors) 

The log amps monitor the levels of the transmit and 
receive signals, so as to tell the Tx-Rx comparator which 
mode should be in effect. The input signals are applied 
to the amplifiers (at TLI and RLI) through AC coupling 
Capacitors and current limiting resistors. The value of 
these components determines the sensitivity of the re- 
spective amplifiers, and has an effect on the switching 
times between transmit and receive modes. The feed- 
back elements for the amplifiers are back-to-back diodes 
which provide a logarithmic gain curve, thus allowing 
operation over a wide range of signal levels. The out- 
puts of the amplifiers are rectified, having a quick rise 
time and a slow decay time. The rise time is determined 
primarily by the external capacitor (at TLO or RLO) and 
an internal 500 ohm resistor, and is on the order of a 
fraction of a millisecond. The decay time is determined 
by the external resistor and capacitor, and is on the 
order of a fraction of a second. The switching time is 
not fixed, but depends on the relative values of the 
transmit and receive signals, as well as these external 
components. Figure 7 indicates the dc transfer char- 
acteristics of the log amps, and Figure 8 indicates the 
transfer characteristics with respect to an ac input sig- 
nal. The dc level at TLI, RL!I, TLO, and RLO is approxi- 
mately VB. 

The Tx-Rx comparator responds to the voltages at 
TLO and RLO, which in turn are functions of the currents 
sourced out of TLI and RLI, respectively. If an offset at 
the comparator input is desired, e.g., to prevent noise 
from switching the system, or to give preference to 
either the transmit or receive channel, this may be 
achieved by biasing the appropriate input (TLI or RLI). 
A resistor to ground will cause a DC current to flow out 
of that input, thus forcing the output of that amplifier 
to be biased slightly higher than normal. This amplifier 
then becomes the preferred one in the system opera- 
tion. Resistor values from 500 k to 10 M ohms are rec- 
ommended for this purpose. 


SPEAKER AMPLIFIER 

The speaker amplifier has a fixed gain of 34 dB (50 
V/V), and is noninverting. The input impedance is nom- 
inally 22 kQ as long as the output signal is below that 
required to activate the Peak Limiter. Figure 9 indicates 
the typical output swing available at SKO (Pin 15). Since 
the output current capability is 100 mA, the lower curve 
is limited to a 5.0 volt swing. The output impedance 
depends on the output signal level and is relatively low 
as long as the signal level is not near the maximum 
limits. At 3 volts p-p the output impedance Is <0.5 ohms, 
and at 4.5 volts p-p it is <3 ohms. The output is short 
circuit protected at approximately 300 mA. 

When the amplifier is overdriven, the peak limiter 
causes a portion of the input signal to be shunted to 
ground, in order to maintain a constant output level. 
The effect is that of a gain reduction caused by a re- 
duction of the input impedance (at SKI) to a value not 
less than 2.0 kQ. 

The capacitor at Pin 17 (AGC) determines the re- 
sponse time of the peak limiter circuit. When a large 
input signal is applied to SKI, the voltage at AGC (Pin 
17) will drop quickly as a current source is applied to 
the external capacitor. When the large input signal is 
reduced, the current source is turned off, and an internal 
110 kQ resistor discharges the capacitor so the voltage 
at AGC can return to its normal value (1.9 Vdc). The 
capacitor additionally stabilizes the peak limiting feed- 
back loop. 

if there is a need to mute the speaker amplifier without 
disabling the rest of the circuit, this may be accom- 
plished by connecting a resistor from the AGC pin to 
ground. A 100 kD resistor will reduce the gain by 34 dB 
(0 dB from SKI to SKO), and a 10 k resistor will reduce 
the gain by almost 50 dB. 


TRANSMIT DETECTOR CIRCUIT 

The transmit detector circuit, also known as the back- 
ground noise monitor, distinguishes speech (which con- 
sists of bursts) from the background noise (a relatively 
constant signal). It does this by storing a voltage level, 
representative of the average background noise, in the 
capacitor at CP1 (Pin 11). The resistor and capacitor at 
this pin have a time constant of approximately 5 sec- 
onds (in Figure 1). The voltage at Pin 11 is applied to 
the inverting input of the Transmit Detector Compara- 
tor. In the absence of speech signals, the noninverting 
input receives the same voltage level minus an offset 
of 36 mV. In this condition, the output of the comparator 
will be low, the output transistor turned off, and the 
voltage at XDC (Pin 23) will be at ground. If the Tx-Rx 
comparator is in the transmit position, the attenuators 
will be in the idle mode (AVacf=75 mV). When speech 
is presented to the microphone, the signal burst ap- 
pearing at XDI reaches the noninverting input of the 
transmit detector comparator before the voltage at the 
inverting input can change, causing the output to switch 
high, driving the voltage at XDC up to approximately 4 
volts. This high level causes the attenuator control block 
to switch the attenuators from the idle mode to the 
transmit mode (assuming the Tx-Rx comparator is in 
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the transmit mode). As long as the speech continues to 
arrive, and is maintained at a level above the back- 
ground, the voltage at XDC will be maintained at a high 
level, and the circuit will remain in the transmit mode. 
The time constant of the components at XDC will de- 
termine: how much time the circuit requires to return to 
the idle mode after the cessation of microphone speech 
signals, such as occurs during the normal pauses in 
speech. - 

The series resistor and capacitor at XDI (Pin 13) de- 
termine the sensitivity of the transmit detector circuit. 
Figure 10 indicates the change in DC voltage levels at 
CP2 and CP1 in response to a steady state sine wave 
applied at the input of the 0.068 uF capacitor and 4700 
ohm resistor (the voltage change at CP1 is 2.7 times 
greater than the change at CP2). Increasing the resistor, 
or lowering the capacitor, will reduce the response at 
these pins. The first amplifier (between XDI and CP2) is 
logarithmic in order that this circuit be able to handle 
a wide range of signal levels (or in other words, it re- 
sponds equally well to people who talk quietly and to 
people who shout). Figure 7 indicates the dc transfer 
characteristics of the log amp. 

Figure 11 indicates the response at Pins 11, 12, and 
23 to a varying signal at the microphone. The series of 
events in Figure 11 is as follows: 

1). CP2 (Pin 12) follows the peaks of the speech 
signals, and decays at a rate determined by the 10 
#A current source and the capacitor at this pin. 

2) CP1 (Pin 11) increases at a rate determined by 
the RC at this pin after CP2 has made a positive tran- 
sition. It will follow the decay pattern of CP2. 

3) The noninverting input of the Transmit Detector 
Comparator follows CP2, gained up by 2.7, and re- 
duced by an offset of 36 mV. This voltage, compared 
to CP1, determines the output of the comparator. 

4) XDC (Pin 23) will rise quickly to 4 Vdc in re- 
sponse to a positive transition at CP2, but will decay 
at a rate determined by the RC at this pin. When XDC 
is above 3.25 Vdc, the circuit will be in the transmit 
mode. As it decays towards ground, the attenuators 
are taken to the idle mode. 


MICROPHONE AMPLIFIER 

The microphone amplifier is noninverting, has an in- 
ternal gain of 34 dB (50 V/V), and a nominal input imped- 
ance of 10 kX. The output impedance is typically <15 
ohms. The maximum p-p voltage swing available at the 
output is approximately 2.0 voits less than Vcc, which 
is substantially more than what is required in most ap- 
plications. The input at MCI (Pin 9) should be ac coupled 
to the microphone so as to not upset the bias voltage. 
Generally, microphone sensitivity may be adjusted by 
varying the 2 k microphone bias resistor, rather than by 
attempting to vary the gain of the amplifier. 


POWER SUPPLY 

The voltage supply for the MC34018 at V+ (Pin 16) 
should be in the range of 6.0 to 11 volts, although the 
circuit will operate down to 4.0 volts. The voltage can 
be supplied either from Tip and Ring, or from a separate 


supply. The required supply current, with no signal to 
the speaker, is shown in Figure 12. The upper curve 
indicates the normal operating current when Chip Se- 
lect (Pin 18) is at a Logic “0’’. Figure.13 indicates the 
average dc.current required when supplying various 
power levels to a 25 ohm speaker. Figure 13 also indi- 
cates the minimum supply voltage required to provide 
the indicated power levels. The peak in the power sup- 
ply current at 5.0—5.4 volts occurs as the Vcc circuit 
comes into regulation. 

It is imperative that the V+ supply (Pin 16) be a good 
ac ground for stability reasons. If this pin is not well 
filtered (by a 1000 uF capacitor AT THE IC), any variation 
at V+ caused by the required speaker current flowing 


‘through this pin can cause a low frequency oscillation. 


The result is usually that the circuit will cut the speaker 
signal on and off at the rate of a few hertz. Experiments 
have shown that only a few inches of wire between the 
supply and the IC can cause the problem if the filter 
capacitor is not physically adjacent to the IC. It is equally 
imperative that both ground pins (Pins 14 and 22) have 
a low loss connection to the power supply ground. 


Vcc 
Vcc (Pin 20) is a regulated output voltage of 5.4 volts, 
+/—0.5 V. Regulation will be maintained as long as V+ 
is (typically) 80 mV greater than the regulated value of 
Vcc. Up to 3 milliamps can be sourced from this supply 
for external use. The output impedance is <20 ohms. 
The 47 uF capacitor indicated for connection to Pin 


20 is essential for stability reasons. It must be located 


adjacent to the IC. 

If the circuit is deselected (see section on Chip Select), 
the Vcc voltage will go to 0 volts. 

If the MC34018 is to be powered from a regulated 
supply (not the Tip and Ring lines) of less than 6.5 volts, 
the configuration of Figure 14 may be used so as to 
ensure that Vcc is regulated. The regulated voltage is 
applied to both V+ and Vcc, with CS held at a Logic 
“1"" so as to turn off the internal regulator (the Chip 
Select function is not available when the circuit is used 
in this manner). Figure 15 indicates the supply current 
used by this configuration, with no signal at the speaker. 
When a signal is sent to the speaker, the curves of Figure 
13 apply. 


VB 

VB is a regulated output voltage with a nominal value 
of 2.9 volts, +/—0.4 volts. It is derived from Vcc and 
tracks it, holding a value of approximately 54% of Vcc. 
1.5 milliamps can be sourced from this supply at a typ- 
ical output impedance of 250 ohms. 

The 47 uF capacitor indicated for connection to the 
VB pin is required for stability reasons, and must be 
adjacent to the IC. | 

If the circuit is deselected (see section on Chip Select), 
the VB voltage will go to 0 volts. 
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CHIP SELECT 

The Chip Select pin (Pin 18) allows the chip to be 
powered down anytime its functions are not required. 
A Logic ‘1” level in the range of 1.6 V to 11 V deselects 
the chip, and the resulting supply current (at V+) is 


shown in Figure 12. The input resistance at Pin 18 is 
>75 kQ. The Vcc and VB regulated voltages go to 0.0 
when the chip is deselected. Leaving Pin 18 open is 
equivalent to a Logic “0” (chip enabled). 


FIGURE 1 — TEST CIRCUIT 
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FIGURE 2 — TRANSMIT ATTENUATOR versus RTX 
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FIGURE 3 — RECEIVE ATTENUATOR versus RRX 
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FIGURE 4 — GAIN AND ATTENUATION | 
versus RESISTOR RATIOS FIGURE 5 — ATTENUATOR GAIN versus VLC 
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FIGURE 6 — ATTENUATOR GAIN versus AVacf FIGURE 7 — LOG AMP TRANSFER CHARACTERISTICS 
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FIGURE 10 — RESPONSE AT CP2 AND CP1 
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FIGURE 11 — TRANSMIT DETECTOR OPERATION 
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on components shown in figure 1. 


FIGURE 13 — SUPPLY CURRENT 
versus SUPPLY VOLTAGE versus SPEAKER POWER 


FIGURE 12 — SUPPLY CURRENT versus SUPPLY VOLTAGE 
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FIGURE 14 — ALTERNATE POWER SUPPLY CONFIGURATION 
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SWITCHING TIME — 

The switching times of the speakerphone circuit de- 
pend not only on the various external components, but 
also on the operating condition of the circuit at the time 
a change is to take effect. For example, the switching 
time from idle to transmit is generally quicker than the 
switching time from receive to transmit (or transmit to 
receive). 

The components which most significantly affect the 
timing between the transmit and receive modes are 
those at Pins 5 (transmit turn-on), 6 (transmit turn-off), 
7 (receive turn-on), and 8 (receive turn-off). These four 
timing functions are not independent, but interact since 
the Tx-Rx comparator operates on a RELATIVE Tx-Rx 
comparison, rather than on absolute values. The com- 
ponents at Pins 11, 12, 13, and 23 affect the timing from 
the transmit to the idle mode. Timing from the idle 
mode to transmit mode is relatively quick (due to the 
quick charging of the various capacitors), and is not 
greatly affected by the component values. Pins 5-8 do 
not affect the idle-to-transmit timing since the Tx-Rx 
comparator must already be in the transmit mode for 
this to occur. 

The following table provides a summary of the effect 
on the switching time of the various components, in- 
cluding the volume control: 


RC @ Pin 5 Moderate 
RC @ Pin 6 Significant 
RC @ Pin 7 Significant 
RC @ Pin 8 Moderate 
RC @ Pin 11 No effect 

C @ Pin 12 No effect 
RC @ Pin 13 No effect 
RC @ Pin 23 No effect 

V @ Pin 24 No effect 


' C@ Pin 25 Moderate 


Ig (MILLIAMPERES) 


FIGURE 15 — SUPPLY CURRENT 
versus SUPPLY VOLTAGE (SEE FIGURE 14) 
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6.0 
Vg (VOLTS) 


Additionally, the following should be noted: 


1) The RCs at Pins 5 and 7 have a dual function in 
that they affect the sensitivity of the respective log 
amplifiers, or in other words, how loud the speech 
must be in order to gain control of the speakerphone 
circuit. 


2) The RC at Pin 13 also has a dual function in that 
it determines the sensitivity of the transmit detector 
circuit. | 


3) The volume control affects the switching speed, 
and the relative response to transmit signals, in the 
following manner: When the circuit is in the receive 
mode, reducing the volume control setting increases 
the signal at TXO, and consequently the signal to the 
TLI pin. Therefore a given signal at TXI will switch the 
circuit into the transmit mode quicker at low volume 
settings. 


The photographs of Figures 16 and 17 indicate ex- 
perimentally obtained switching response times for the 
circuit of Figure 1. In Figure 16, the circuit is provided 
a continuous receive signal of 1.1 mVp-p at RXI (trace 
#3). A repetitive burst signal of 7.2 mVp-p, lasting 120 


Significant No effect 
Moderate No effect 
Moderate No effect 
Significant No effect 
Slight Moderate 
Slight Significant 
Slight Slight 
Slight Significant 
Moderate No effect 


Moderate Slight 
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milliseconds, and repeated every 1 second, is applied 
to MCI (Trace #1). Trace #2 is the output at TXO, and 
is approximately 650 mVp-p at its maximum. Trace #4 
is the output at RXO, and is approximately 2.2 mVp-p 
at its maximum. The time to switch from the receive 
mode to the transmit mode is approximately 40 ms, as 
indicated by the time required for TXO to turn on, and 
for RXO to turn off. After the signal at MCI is shut off, 
the switching time back to the receive mode is approx- 
imately 210 ms. 

In Figure 17, a continuous signal of 7.6 mVp-p is ap- 
plied to MCI (Trace #1), and a repetitive burst signal of 
100 mVp-p is applied to RXI (Trace #3), lasting approx- 
imately 120 ms, and repeated every 1 second. Trace #2 


FIGURE 16 — TRANSMIT-RECEIVE SWITCHING 
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APPLICATIONS INFORMATION 


The MC34018 Speakerphone IC is designed to provide 
the functions additionally required when a speaker- 
phone is added to a standard telephone. The IC provides 
the necessary relative level detection and comparison 
of the speech signals provided by the talkers at the 
speakerphone (near end speaker) and at the distant tele- 
phone (far end speaker). 

The MC34018 is designed for use with an electret type 
microphone, a 25 ohm speaker, and has an output 
power capability of (typically) 100 mW. All external com- 
ponents surrounding this device are passive, however, 
this IC does require additional circuitry to interface to 
the Tip and Ring telephone lines. Two suggested circuits 
are shown in this data sheet. 


Figure 18 depicts a circuit using the MC34014 Speech 
Network (to provide the line interface), as well as the 
circuitry necessary to switch between the handset mode 
and the speakerphone mode. Switch HS (containing one 
normally open and one normally closed contact) is the 
hook switch actuated by the handset, shown in the on- 
hook position. When the handset is off-hook (HS1 open, 
HS2 closed), power is applied to the MC34014 speech 
network, and consequently the handset, and the CS pin 
of the MC34018 is held high so as to disable it. Upon 
closing the two poles of switch SS, AND placing switch 


is the output at TXO and is approximately 90 mVp-p at 
its maximum, and Trace #4 indicates the output at RXO, 
and is approximately 150 mVp-p at its maximum. In this 
sequence, the circuit switches between the idle and re- 
ceive modes. The time required to switch from idle to 
receive is approximately 70 ms, as indicated by the first 
part of Traces 2 and 4. After the receive signal is shut 
off, the time to switch back to the idle mode is approx- 
imately 100 ms. 

All of the above mentioned times will change signif- 
icantly by varying the amplitude of the input signals, as 
well as by varying the external components. 


FIGURE 17 — IDLE-RECEIVE SWITCHING 


Input @ MCI 


Output @ TXO 


Burst Input @ RX! 


campers tsi besa UT de LE 


yn Watts rant 


Output @ RXO 
Time Base = 30 ms/Div 


HS in the on-hook position, power is then applied to 
both the MC34014 and the MC34018, and CS is held 
low, enabling the speakerphone function. Anytime the 
handset is removed from switch HS, the circuit reverts 
to the handset mode. The diode circuitry sets the op- 
erational mode of the MC34014 so as to optimize the 
speakerphone operation (see the MC34014 data sheet 
for further details). The tone dialer interface is meant 
for connection to a DTMF dialer with an active low 
MUTE signal. The Vpp supply from the MC34014 is a 
nominal 3.3 volts. The MC34017 and piezo sounder pro- 
vide the ringing function. 

Figure 19 depicts a configuration which does not in- 
clude a handset, dialer, or ringer. The only controls are 
Si (to make the connection to the line), S2 (a “privacy” 
switch), and the volume control. It is meant to be used 
in parallel with anormal telephone which has the dialing 
and ringing functions. 

Figure 20 depicts a means of providing logic level 
signals that indicate which mode of operation the 
MC34018 is in. Comparator A indicates whether the cir- 
cuit is in the receive or transmit/idle mode, and com- 
parator B indicates (when in the transmit/idle mode) 
whether the circuit is in the transmit or idle mode. The 
LM393 dual comparator was chosen because of its low 
current requirement (<1.0 mA), low voltage require- 
ment (as low as 2.0 volts), and low cost. 
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FIGURE 18 — SWITCHABLE HANDSET/HANDSFREE SYSTEM 
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FIGURE 19 — BASIC LINE POWERED SPEAKERPHONE 
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1. Diodes are 1N4001 unless otherwise noted. 
2. 4 Transistors are 2N3904. 
3. Recommended Transformer: Microtran T2106. 


FIGURE 20 — DIGITAL TRANSMIT/IDLE/RECEIVE INDICATION 
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Specifications and Applications 
Information 
: NETWORK WITH 


TELEPHONE SPEECH NETWORK | DIALER INTERFACE 
WITH DIALER INTERFACE 


The MC34114 is a monolithic integrated telephone speech net- 
work designed to replace the bulky magnetic hybrid circuit of a 
telephone set. The MC34114 incorporates the necessary functions 
of transmit amplification, receive amplification, and sidetone con- 
trol, each with externally adjustable gain. Loop length equalization 
varies the gains based on loop current. The microphone amplifier 
has a balanced, differential input stage designed to reduce RFI 
problems. A MUTE input mutes the microphone and receive 
amplifiers during dialing. A regulated output voltage is provided 
for biasing of the microphone, and a separate output voltage 
powers an external dialer, microprocessor, or other circuitry. The — 
MC34114 is designed to operate at a minimum of 1.2 volts, making P SUFFIX 
party line operation possible. PLASTIC PACKAGE 

A circuit using the MC34114 can be made to comply with Bell CASE 707-02 
Telephone, British Telecom (BT), and NTT (Nippon Telegraph & 
Telephone) standards. It is available in a standard 18-pin DIP, and 
a 20-pin SOIC (surface mount) package. 


TELEPHONE SPEECH 


~ SILICON MONOLITHIC 
INTEGRATED CIRCUIT | 


@ Operation Down to 1.2 Volts DW SUFFIX 


Externally Adjustable Transmit, Receive, and Sidetone Gains PLASTIC PACKAGE 


Differential Microphone Amplifier Input Minimizes RFI CASE 751D-03 


Susceptibility 
Transmit, Receive, and Sidetone Equalization on Both Voice 
and DTMF Signals PIN CONNECTIONS 
ee . Top Vi 
@ Regulated 1.7 Volts Output for Biasing Microphone aan 
Regulated 3.3 Volts Output for Ree External Dialer or 
MPU 


@ Microphone and Receive Amplifiers Muted During Dialing 


e Differential Receive Amplifier Output Eliminates Coupling 
Capacitor 


@ Operates with Receiver Impedances of 50 Ohms and Higher 
@ Complies with NTT, Bell Telephone and BT Standards 


SIMPLIFIED BLOCK DIAGRAM 


Receiver 


ORDERING INFORMATION 


Package 


18-Pin Plastic DIP MC34114P 
20-Pin Surface Mount MC34114DW 
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ABSOLUTE MAXIMUM RATINGS 


Parameter 


Current through Vcc, LR 130 mA 


Storage Temperature —65, +150 


“Maximum Ratings” are those values beyond which the safety of the device cannot be 
guaranteed. They are not meant to imply that the devices can be operated at these limits. The 
“Recommended Operating Conditions” provides conditions for actual device operation. 


RECOMMENDED OPERATING LIMITS 
Parameter 


Vcc Voltage (Speech, Pulse Mode) 
(Tone Dialing Mode) 


Loop Current (into Vcc) (Speech, Pulse Mode) 
(Tone Dialing Mode) 


Receiver Impedance 
Voltage at MUTE, MS (Vcc > 1.5 Volts) 
R1 (Resistor from Vcc to Vp) 


Ambient Temperature 


All limits are not necessarily functional concurrently. 


ELECTRICAL CHARACTERISTICS (Ta = 25°C, See Figure 1) 


Parameter 
SUPPLY CURRENT 


Supply Current into Vcc (Pin 2 open, R12 = 25 k, Vpp unloaded) 
Speech Mode (Figure 2) Vcc = 1.2 Volts 
= 3.5 Volts 
8.0 Volts 

= 10.5 Volts 

- Tone Mode (Figure 4) 3.3 Volts 
= 8.0 Volts 
= 10 Volts 


VOLTAGE REGULATORS 


VR Voltage (IR = 65 nA, Vcc = 2.5 V, Figure 5) 
Load Regulation (0 < IR < 300 uA, Vcc = 2.5 V) 
Line Regulation (IR = 65 pA, 2.5 < Vcc < 10.5 V) 


Vpp Voltage (Vcc 2 3.8 V, Ipp = 0, Figure 6) 
Line Regulation (Ipp = 0, 5.0 V < Vcc < 10.5 V) 


Maximum Output Current (Vcc = 3.8 V, Vpp = 3.0 V) 
Speech Mode 
Pulse, Tone Mode 

Input Leakage Current (Vcc = 0, 3.3 Volts applied to Vpp) 
Mute open or at Vpp 
Mute = 0 Volts 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-333 


MC34114 


ELECTRICAL CHARACTERISTICS — continued (Ta = 25°C, See Figure 1) ! 


MICROPHONE AMPLIFIER 
input Common Mode Rejection Ratio 0K) ———~SSCSCSCS~dC en | ze 


MCO DC Bias Voltage (Vcc > 3.4 V, Mute = VMCODC 
(Vcc = 1.2 V, Mute = Hi) 
(Mute = 0 V) 
MCO Max Voltage Swing (THD = 5%, Vcc > 2.7 V) VMCOAC 
(THD = 5%, Vcc = 1.2 V) 
MCO Output Impedance ZMCO | — | 270 | 
| MCO Output Current Capability (THD = 5%) IMCO | — | 160 | 
| Gain Reduction when Muted (Mute = 0 Volts, f = 1.0 kHz) | Gmur | 55 | 70 | 


RECEIVE AMPLIFIER 


RX! Bias Current (Mute = Hi | pe | — | 50 | 
RXO1, RXO2 Bias Voltage (Vcc = 1.2 V) RxDC 580 | 630 | 695 | mVdc 
(Vcc > 3.0. V) 585 650 720 


RXO1-RXO2 Offset Voltage (Vcc > 3.0 V) Rxvos | -35 | 0 | +35 | mVdc 


RXO1-RXO2 Max Voltage Swing (Figure 9) VRXAC | 
2.2 
800 


(THD = 5%, Receiver = ©) 
(THD = 5%, Receiver = 150 2) 


Internal Feedback Resistor (for muting) 


RX0O1 & RXO2 Source Current 


INTERNAL CURRENT AMPLIFIERS | 


TXI Input Impedance RTX| 
ZB Input Impedance 
RXA Output Impedance | : RRXA 


AC Current Gain 


3 
1 


Re) 
15 


ed 
| 35 
| 115 | 
=a 
es 
El 


TXI to Vcc (VRAGC = 0 V) | GTX 
TXI to Vcc (VRAGC = 1.3 V) : 
ZB to RXA (VRAGC = 0 V, RXA = AC Gnd) GzB 


ZB to RXA (VRAGc = 1.3 V, RXA = AC Gnd) 
TXI to RXA (VRacc = 0 V, RXA = AC Gnd) 
TXI to RXA (VRAGc = 1.3 V, RXA = AC Gnd) 


DC INTERFACE 


LR Level Shift (Vcc-VLR) 
(LOOP .= 20 mA, Mute = Vpp) 
(LOOP = 80 mA, Mute = Vpp) 
(LOOP = 20 mA, Mute & MS = 0 V) 
(LOOP = 80 mA, Mute & MS = 0-V) 


Vcc Boost (Loop = 20 mA, Mute & MS AVLRB 7 
switched from Hi to Lo, R1 = 620 2) 


RAGC Current (VRacc = 0 V) : IRAGC 
(VRAGC = 1.0 V) 
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ELECTRICAL CHARACTERISTICS — continued (Ta = 25°C, See Figure 1) 


parameter | Symbot | min | typ | Max | Units | 


LOGIC INPUTS 


MUTE Input Impedance (Vcc > 1.2 V) 
(Vcc = 0V, 0 < Mute < 6.0 V) 


Input Low Voltage 
Input High Voltage 
Holdover (Delay for Receive amplifier to return 
to full gain after Pin 17 switches from 0 to Vpp) 


MS Input Impedance (Vcc > 1.2 V) 
(Vcc = 0 V, Mute = open or Vpp) 
(Vcc = 0, Mute = 0) 

Input Low Voltage 

Input High Voltage 


SYSTEM SPECIFICATIONS (f = 1.0 kHz unless noted, Ta = 25°C, Refer to Figure 1) 


[Parameter SSmbot | Min | Top | Max | Uni | 


LINE INTERFACE 


Vcc DC Voltage (Pin 1) 
Bell Telephone Standard and NTT Specs. (R2 = 43 0, R3 = 13 9) 
Speech Mode ss ILQOp = 10 mA 
ILooP = 20 mA 
ILooP = 30 mA 
ILOOP = 120 mA 
Tone Mode Loop = 20 mA 
ILoop = 30 mA 
British Telecom Standard 
(R2 = 43 0 + 2.5 V Zener, R3 = 13 9) 
Speech Mode LOOP = 10 mA 
ILOOP = 20 mA 
|ILooP = 30 mA 
ILOOP = 70 mA 


RECEIVE PATH 


Gain (Vcc to RXO1-RXO2, Figures 14, 15) 


ILOOP = 20 mA 
ILooP = 100 mA 


[aGain (Gx @ 100 mA versus20mA)——=s==*~=“‘CSC*™*™*~#wd~CGmx =| -7s5 | -e0 | -as | «= 
Muted Gain (Mute = Logic 0, ILOOP = 20 mA) ne ae we 


Distortion (at RXO1-RXO2, Vcc = 250 mVrms) 
f = 300 Hz 
f = 1.0 kHz 
f = 3.4 kHz 


TRANSMIT PATH 


Gain (MC1—-MC2 to Vcc, Figures 12, 13) 
ILoop = 20 mA 


GTx 
36 38.5 40.5 
ILOOP = 100 mA 29 32.5 35.5 


|AGain (Gx @100mAversus20ma) | Gx | 75 | -60 | -45 | ae | 


Max Vcc Voltage Swing (THD = 5%, Figure 8) VTIXMAX Vp-p 
3.0 
2.3 


ILOOP = 20 mA 
ILOOP = 100 mA 
Gain Reduction when muted (MC1-MC2 to Vcc, Mute = 0 V) | Grxm | — | 6 | — | 
Distortion (0 dBm @ Vcc) THDT % 
f = 300 Hz 
3.0 
Output Noise at Vcc (@ 1.0 kHz) NTXO —_. 2a 
SIDETONE 


f = 1.0 kHz 
Sidetone Gain (Gain from Vcc to RXO1—RXO2 with GsT =27 —22 
signal applied to MC1/MC2, ILQQp = 20 mA) . 


f = 3.4 kHz 
MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-335 


MC34114 


PIN DESCRIPTIONS 


i 
Power supply pin for the IC. Supply voltage is derived from loop current. Transmit amp Satu 
operates on this pin. 


Resistors R2+R3 at this pin set the DC characteristics of the circuit. The majority of the loop 
current flows through these resistors. Other components may be used to pronase required DC 
characteristics for individual regulatory agencies. 

A resistor or appropriate network (R1) connected from this pin to Vcc sets the AC terminating 
impedance (return loss spec). 


A 1.7 volt regulated output which can be used to bias the microphone. Additionally, this 
voltage powers a portion of the internal circuitry. Can nominally supply 300-500 pA. 


GND GEaaE Ground pin for the entire IC. Normally this is not connected to, nor to be confused with earth 
ground. . 


Inverting differential input to the microphone amplifier. Input impedance is typically 20 kQ. 


Non-inverting differential input to the microphone amplifier. Input impedance is typically 20 kQ. 


Microphone amplifier output. Amplifier’s gain is fixed at 30 dB. 


Loop current sensing input. The voltage at this pin, determined by the loop current and R3, 
operates the loop length equalization circuit. 


Input to the transmit amplifier from the microphone amplifier, DIMF s source, and other sources. 
Input impedance = 1.0 kQ. 


Receive amplifier non-inverting differential output. Current capability to the receiver is typically 
set at +3.0 mA peak. 


Receive amplifier inverting differential output. Current capability to the receiver is pica 
+3.0 mA peak. Gain is set by R8. 


Summing input to the receive amplifier. This pin is an AC virtual ground. 


Summed outputs of the receive current amplifier, sidetone amplifier, and an AGC point. 
Normally connected to the receive amplifier input (RX!) through a coupling capacitor. 


Input to the receive current amplifier. A balance network (ZB) is connected between this pin 
and Vcc. The network affects the receive level and sidetone performance. Input impedance is 
500 C1 in series with a diode. 


Mode Select Input. A logic 1” sets the IC for pulse dialing. A logic “0’’ sets the IC for tone 
(DTMF) dialing. Effective only if MUTE is at a logic ‘0’. Input impedance is ~ 60 kf. 


Mute input. A logic “1” sets normal speech mode. A logic “0” mutes the microphone and 
receive amplifiers and allows MS to be functional. Input impedance is ~60 kQ referenced to 

Vpp. An internal fixed delay of 11 mSec minimizes clicks in the receiver when peearnng to the 
speech mode. 


A regulated 3.3 volt output for an external dialer. Output s source current capability is 1.0 mA in 
speech mode, 2.5 mA in tone dialing mode. 
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FIGURE 1 — BLOCK DIAGRAM AND TEST CIRCUIT 
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FIGURE 2 — Ic¢c¢ versus Vcc (SPEECH MODE) 
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FIGURE 5 — Vp versus IR versus Vcc 


FIGURE 4 — Icc versus Vcc (TONE DIALING MODE) 
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FIGURE 7 — AGC GAIN versus VOLTAGE AT PIN 9 


FIGURE 6 — Vpp versus Ipp 
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FIGURE 8 — MAXIMUM TRANSMIT SIGNAL AT Vcc 


FIGURE 9 — MAXIMUM RECEIVER SIGNAL 
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SYSTEM PERFORMANCE 


FIGURE 10 — TIP/RING VOLTAGE versus LOOP CURRENT FIGURE 11 — AC TERMINATING IMPEDANCE versus 
LOOP CURRENT 
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See Figure 1 
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FIGURE 14 — RECEIVE GAIN versus LOOP CURRENT FIGURE 15 — RECEIVE GAIN versus FREQUENCY 
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See Figure 1 
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See Figure 1 
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SYSTEM PERFORMANCE 


- FIGURE 16 — TRANSMIT NOISE SPECTRUM 


FIGURE 17 — RECEIVE NOISE SPECTRUM 
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FIGURE 19 — TRANSMIT GAIN versus TEMPERATURE 


FIGURE 18 — Vcc versus TEMPERATURE 
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FIGURE 21 — AC TERMINATING IMPEDANCE 


FIGURE 20 — RECEIVE GAIN versus TEMPERATURE 
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FUNCTIONAL DESCRIPTION 


INTRODUCTION 

The MC34114 is a speech network which provides the 
hybrid function and the DC loop current interface of a 
telephone, and is meant to connect to Tip and Ring 
through a polarity guard bridge. The transmit, receive, 
and sidetone gains are externally adjustable, and addi- 
tionally, line length compensation varies the gains with 
variations in loop current. The microphone amplifier 
employs a differential input to minimize RFI 
susceptibility. 

The loop current interface portion determines the dc 
voltage versus current characteristics, and provides the 
required regulated voltages for internal and external 
use. 

The dialer interface provides three modes of opera- 
tion: speech (non-dialing), pulse dialing and tone 
(DTMF) dialing. When switching among the modes, 
some parameters are changed in order to optimize the 
circuit operation for that mode. The following table 
summarizes those changes: 


TABLE 1 — OPERATING PARAMETERS versus 
OPERATING MODE 


[speech [Pulse [Tow] 


Microphone Functional Muted Muted 
Amplifier . 
Receive Amp. Switched | Switched | Switched 
Out In In 


Internal Feedback 
Resistor 
DC LINE INTERFACE AND LINE LENGTH 
COMPENSATION 
The DC line interface circuit (Pins 1, 2, 3) sets the DC 


voltage characteristics with respect to loop current. See 
Figure 22. 


LR Level Shift 
(Vcc — VLR) 


Vpp Current 
Capability 


FIGURE 22 — DC LINE INTERFACE EQUIVALENT 


The DC voltage at Vcc is determined by the level shift 
from Vcc to LR, plus the voltage across R2 and R3. Icc 
is the internal bias current required by the MC34114, 
nominally in the range of 10 mA. Icc can be reduced, 
if necessary, by increasing R12, consistent with the 
transmit and receive signal requirements (see the 
Transmit Path section). See Figures 2-4, 8 and 9. 

In the speech and pulse dialing modes current source 
l1 is off, and the level shift is due to Q1’s base-emitter 
drop (~1.4 V), 1.0 volt across the 20 k resistor, and the 
voltage across R1, which varies with Vcc from 0.15 volts 
to ~1.0 volt. When the loop current coming in from Tip 
and Ring exceeds the Icc requirement, the excess cur- 
rent flows through Q1, R2 and R3, to set the slope of 
the V-I characteristic for the circuit (Q1 has an equivalent 
resistance of ~10 2). See Figure 10. 


MIC34114 


To AGC 
Points 


In the tone dialing mode, current source !1 is on, draw- 
ing an additional 1.7 mA through R11, increasing the level 
shift by ~1.0 volts (for R1 = 600 ©). This feature ensures 
that, at low loop currents, sufficient voltage is present 
at Vcc for the DTMF signals, and that the Vpp regulator 
supplies sufficient voltage to an external dialer. The Icc 
current increases by ~1.3 mA in this mode. 

R1 must be kept in the range of 100 to 1800 ©. If it is 
too large, insufficient current will flow into Vp to bias 
up the circuit. If it is too small, insufficient filtering at 
Vp will result unless C1 is increased accordingly. Speech © 
signals must be well filtered from Vg. 

The voltage across R3 determines the operation of 
the AGC circuit (line length compensation). As the volt- 
age at RAGC increases from ~0.4 volts to ~1.2 volts, 
the AGC Control varies the current gain of the two AGC 
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points (Figure 1) from 1.0 to 0.5, thereby reducing the 
gain of the transmit and receive paths by 6.0 dB. See 
Figure 7. Pin 9 is a high impedance input. 

The values of R2 and R3 can be varied as required to 
comply with various regulatory agencies, to compen- 
sate for additional circuitry powered by the loop current 
(microprocessor, etc.), or to change the starting point 
of the AGC function. If the AGC is not used, Pin 9 should 
be connected to ground for high gains, or to Vp for low 
gains. ; 


VOLTAGE REGULATORS 

The MC34114 has two internal voltage regulators 
which are used to power external as well as internal 
circuitry. 

The Vp regulator provides 1.7 volts at a maximum 
current of 500 A (see Figure 5). This output is normally 
used to set the DC bias into TXI (Pin 10), and to bias 
the electret microphone. Vp will typically be ~300 mV 
less than Vcc when Vcc is below 2.0 volts. 


The Vpp regulator provides 3.3 volts at a maximum 
of 1.0 mA in the speech mode, and 2.5 mA in the pulse 
or tone dialing modes (see Figure 6). It is normally used 
to power an external dialer, and other associated cir- 
cuitry. Vpp is normally ~0.5 volts less than Vcc until 
Vpp regulates. It is a shunt type regulator which auto- 
matically switches to a high impedance mode when 
Vcc falls below 1.4 volts. This feature prevents exces- 
sive battery drain in the event a memory sustaining 
battery is used with the external dialer. Leakage current 
(with Vcc = 0) is typically 0.02 wA with an applied 
voltage of up to 6.0 volts at Vpp, with pin 17 open or 
at Vpp. If Pin 17 is at ground, a current of several 
hundred microamps will flow into Vpp and out of pin 
17 (see paragraph on Logic Interface). 


MICROPHONE AMPLIFIER 

The microphone amplifier (Pins 6, 7, 8) has a differ- 
ential input, single ended output, and a fixed internal 
gain of +30 dB (31.1 V/V). The output is in phase with 


MC2, and out of phase with MC1. The inputs (see Figure 
23) have a nominal impedance of 20 kQ, and are 
matched to provide a high common mode rejection 
(typically 26 dB). 


FIGURE 23 — INPUT STAGE 


To preserve a high CMRR against unwanted signals 
induced in the microphone leads, the microphone 
should be biased with two equal value resistors as 
shown in Figure 1. 


The output (MCO) has a DC bias voltage of ~1.1 volts 
(Vcc > 3.0 volts), and can nominally swing ~2.0.volts 
p-p (500 mV p-p at Vcc = 1.2 volts). The output imped- 
ance is ~270 Q, and has a peak current capability of 
=~160 vA for 5% THD. 

When the MC34114 is switched to either dialing 
mode, the microphone amplifier is muted by ~70 dB 
(300 Hz—4 kHz), effectively disabling the microphone. 
The DC voltage at MCO is ~80 mV when muted. 


TRANSMIT PATH 
The AC transmit path consists of the components 


_ shown in Figure 24 (taken from Figure 1). 


FIGURE 24 — TRANSMIT PATH 


The voltage output at MCO is converted to a current 
into TX! by C5, R6, and TXI’s 1.0 k input impedance 
(with a slight error due to R12). A1 and A2 are current 
amplifiers with a combined gain of 100. The AGC point 
has a current gain of 1.0 at low loop currents, and 


decreases to 0.5 as loop current increases. Therefore 
the current gain from TXI to Vcc varies from 100 to 50 
as loop current is increased. The resulting current out- 
put at Vcc acts on R11 and the line impedance (nominally 
600 © each, C1 is an AC short) to generate a voltage 
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FIGURE 25 — RECEIVE PATH 


signal at Vcc, and consequently, at Tip and Ring. The 
voltage gain from MC1—MC2 to Tip and Ring is therefore 
(first order): 


2 ESO xX AGO CRIALINE 


GTX = (R6 + 10k) (Equation 1) 


where Am is the gain of the microphone amplifier (31.1 
V/V). At low loop currents GTx ~84 V/V (38.5 dB), and 
decreases to ~42 V/V (32.5 dB) at higher loop currents, 
for the component values shown in Figure 1 (@ 1.0 kHz). 

For more precise calculations, consideration should 
be given to the effects of C5 (in series with R6), R12 and 
R7 (each in parallel with TXI’s 1.0 k impedance), and 
C10 and the ZB network (each in parallel with R1 and 
ZLINE)- The cumulative effects of these additional com- 
ponents is ~1.5 dB. 

The voltage signal at Vcc is out of phase with that at 
TXI, and in phase with that at MC1. 

The maximum available voltage swing at Vcc is a 
function of the impedance at Vcc (R1//Z,|NE), the DC 
bias current at A2’s output, and the Vcc DC voltage. 
A2's bias current is determined by the bias current 
through R12 (Vai\R12 + 1.0 k}) which is gained up by 
A1, A2 and the AGC point. Figure 8 indicates the max- 
imum voltage swing at Vcc (with 5% THD). 


RECEIVE PATH 

The AC receive path consists of the components 
shown in Figure 25 (taken from Figure 1). 

Ri, typically 600 ©, provides the AC termination 
(return loss) for the receive signals coming in on Tip 
and Ring (C1 is an AC short). The receive signal creates 
an AC current through the ZB network and the 500 © 
resistor at the ZB pin. A4 reduces that current by 1/2, 
and then feeds it through the AGC point which has a 
gain of 1.0 at low loop currents. The AGC gain is reduced 
to 0.5 as loop current increases. The AC current out of 
the AGC point feeds through C8 to RXI, the receive 
amp’s summing node (If C8 is large, RXA can be con- 
sidered a virtual ground, and no AC current flows 
through the internal 10 k resistor). The voltage swing 
at RXO1 is then determined by the current through C8 
and the R8 feedback resistor. The second op amp (at 


Receiver 


O 
RXO1 
RXO2 

O 


RXO2) is internally configured for inverting unity gain. 
The voltage gain from Tip and Ring to RXO1—RXO2 
(differential) is (first order): 


_ R8x AGC 
~ (ZB + 500) 


where ZB = R10 + R9//C9 (=R10 + RQ). 

For more precise calculations, the effects of C9 and 
C8 must be considered. C9 provides a phase shift to aid 
sidetone cancellation (see paragraph on Sidetone), and 
C8 can be selected to provide low frequency roll-off. 
High frequency roll-off can be obtained by adding a 
feedback capacitor across R8. For the component values 
shown in Figure 1, the receive gain measured ~0.495 
VN (-—6.1 dB) at low loop currents, and reduces to ~0.25 
VN (—12 dB) at higher loop currents (@ 1.0 kHz). 

When the MC34114 is switched to either dialing mode 
(Mute = low), the receive gain is muted by the switching 
in of the internal feedback resistor (RFINT from RXO1 
to RXI) — typically 1.0 kQ. The effective feedback resis- 
tor for the amplifier is now the parallel combination of 
R8 and Rei_T. The amount of muting (in dB) can be 
calculated from: 


GRx (Equation 2) 


R8 + RFINT 
REINT 


The internal resistor is switched in coincident with Mute 
(Pin 17) switching low. However, when Mute is switched 
high, a delay (nominally 11 mSec) occurs before the 
internal resistor is switched out. This feature prevents 
dialing transients (particularly during pulse dialing) 
from being heard as loud clicks in the receiver. 


The DC bias voltages at RXI, RXO1 and RXO2 is ~0.65 
volts. The bias current at RXI is ~50 nA into the pin. 
The maximum voltage swing at RXO1 and RXO2 is a 
function of the receiver impedance (typically 
100-150 ), and the value of the two I,, current sources 
in Figure 25. Irx, set by R12 (between Vp and TXI), is 


so 7 VR x 50 x AGC 
rm “(R12 + 1.0 k) 


Figure 9 indicates the maximum voltage swing available 
to the receiver. 


GRxmM = 20 x log ( (Equation 3) 


(Equation 4) 
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SIDETONE CANCELLATION 

_ Sidetone cancellation is provided by current amplifier 
A3 (see Figure 1) which generates a current represen- 

tative of the transmit signal to cancel the reflected side- 

tone signal coming in through ZB and A4. To achieve 

perfect cancellation (no AC current out of RXA), it is 

necessary that: 


= (40 x R1//Z,iNE) — 500 02 


where ZB is the network composed of R9, R10, and C9, 
and Z| |NE is the AC impedance of the line. The reactive 
components of the line’s impedance can be compen- 
sated for by making the ZB network comparably reac- 
tive. In Figure 1, C9 provides a phase shift to compen- 
sate for the phase shift created by the phone line. 


(Equation 5) 


LOGIC INTERFACE (Mute and MS) 

The two logic inputs (Mute and MS) are used to switch 
the MC34114 between the speech and dialing modes 
according to the following table: 


TABLE 2 — LOGIC INPUTS 


Speech 


High 
Low 


Pulse Dialing 
Tone Dialing 


Table 2, together with Table 1, describes the condition 
of the MC34114 in the various modes. Figure 26 shows 
the input configuration for the Mute and MS pins. 


FIGURE 26 — LOGIC INPUTS 


-VoD 


To Internal 
Circuit 


To Level! 


Shift Ckt. 


The Mute input has a nominal input impedance of 60 
kQ,, referenced to Vpp. This pin may be left open for a 
logic ‘’1,"" or connected to Vpp. A logic ‘1” is defined 
as between Vpp-0.5 volts and Vpp. A logic ‘’0” is 
defined as between ground and 1.0 volt. The switching 
threshold is. ~2.3 volts. When Mute is switched low 
(speech to dialing), the changes listed in Table 1 will 
occur within 10 ws. Upon switching high (back to speech 
mode), however, the receive amplifier feedback resistor 
will be switched out after a delay of (typically) 11 ms. 
This feature prevents dialing transients (particularly 
during pulse dialing) from being heard as loud clicks in 


the receiver. The other functions listed in Table 1 trans- 
fer within 10 pus. 

The MS pin is functional only when Mute is low and 
its only function is to provide an additional voltage level 
shift between Vcc and LR in the tone dialing mode (see 
the section on DC Interface). The input impedance is 
=60 kN when Vcc > 1.5 volts. A logic “0” is between 
ground and 0.3 volts, and a logic “1” is between 2.0 
volts and Vpp. The switching threshold is typically 0.75 
volts. If unused, this pin must be connected to ground 
or Vpp. and not left open. 

When Vcc = 0 (on-hook condition), and a voltage in 
the range of 0 to 6.0 volts is applied to Mute, a leakage 
current of (typically) 0.02 uA will flow if Mute and Vpp 
are at the same voltage. If Mute is at a voltage different 
from Vpp, current will flow through the internal resis- 
tors and/or diode. If amemory sustaining battery is used 
in conjunction with an external dialer, and is configured 
so that its voltage appears at Vpp, Mute must be 
allowed to float or be connected to Vpp — otherwise 
current (in the range of 100-200 pA) will flow from the 
battery through Vpp and out of the Mute pin. 

When Vcc = 0, and a voltage in the range of 0 to 6.0 
volts is applied to MS, a leakage current of (typically) 
0.01 A will result as long as Mute is open or at Vpp. 
If Mute is at ground, an equivalent 3.5 k© parasitic resis- 
tance exists between MS and Mute. 

When Vcc < 1.5 volts, the Mute function is non- 
existent and the MC34114 will be in the speech mode. 


APPLICATIONS INFORMATION 


DESIGN SEQUENCE 

The design sequence for incorporating the MC34114 
into most applications will be as follows (refer to Figure 
1): 

1) Decide on the AC terminating impedance (return — 
loss), and select R1 to be that value (typically 600 ©). If 
there are other devices powered by the loop current 
which will be in parallel with R1 (such as a pulse dialing © 
circuit) which lower the effective terminating imped- 
ance, R1 can be increased accordingly. 

2) Select the maximum value of R12 which will pro- 
vide the minimum required transmit and receive elonals 
according to Figures 8 and 9. 

3) Select the sum {R2 + R3} to provide the desired 
Tip and Ring DC voltage versus loop current character- 
istics. Then select R3:for the desired starting point of 
the loop length compensation. The compensation 
begins when the voltage across R3 is ~0.4 volt. 

4) Select R4 and R5 (they should be equal) to properly 
bias the microphone. The microphone’s manufacturer 
should be consulted for this information. 

5) Select R6 for proper transmit gain. See equation 
1. Then select C5 to provide low frequency roll-off. 


Adjust R6 as required. 


6) Select the ZB network (RQ, R10, C9) to provide side- 
tone cancellation. See equation 5. 
7) Select R8 for proper receive gain (depends on the 
specific receiver used). See equation 2. Then select C8 
to provide low frequency roll-off. Adjust R8 as required. 
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Additional comments on Figure 1 components: 

1) Capacitors C1, C2, and C7 are required to stabilize 
the respective regulators. In most applications it should 
not be necessary to change from the values shown in 
Figure 1. 

2) C3 and C4 can be selected to provide low fre- 
quency roll-off for the microphone signals. 

3) C10 filters noise generated by the MC34114, and 
should be close to the Vcc pin. Its recommended value 
(0.07 iF} is such that it does nat noticeably affect the 
system parameters. It can be increased, if desired, to 
provide high frequency roll-off for both transmit and 
receive signals. This, however, will affect the return loss 
specification at higher frequencies. 

4) Since TXI is a (relatively) low impedance current 
input, it is a convenient point for injecting any signals 
which are to be transmitted out onto Tip and Ring. C6 
and R7 are shown for transmitting the DTMF signals 
from a dialer. Additional RC networks can be connected 
to TXI for transmitting signals from speakerphones, 
modems, or other signal sources. The voltage gain from 
each signal source to Tip and Ring is: 
ZLINE/R1 x 100 x AGC 

(Ry + Zex) 
where Ry and Zc, represent the impedances of the R 
and C for the particular signal source. If several signal 
sources are connected to TXI, the parallel combination 
of R6, R12, the internal 1.0 k resistor, and any other RCs 
at this pin must be considered when setting the gain 
for each signal. 


Gs = (Equation 6) 


5) The 12 volt zener diode shown in Figure 1 is for 
transient protection, and normally does not conduct. 
Transient and overvoltage protection MUST be pro- 
vided externally so that the Absolute Maximum Ratings 
are not exceeded. 


BASIC TELEPHONE CIRCUIT 

Figure 27 depicts a complete basic telephone using 
the MC34114 speech network, the MC145412 pulse/tone 
dialer, and the MC34017 tone ringer. 

The MC34114 provides the speech neitwork/hybrid 
functions, and its component values are calculated as 
described previously in this data sheet. The resistor 
from Vcc to Vg is 820 © (rather than 600 {) in this 
example since it is in parallel with the 2.0 kQ resistor in 
the pulse dialing transistor network (providing and 
effective 600 termination). 

The MC145412 dialer is a pulse/tone dialer with 10 
number memory, including last number redial. Power 
to the dialer is from the MC34114’s Vpp output, diode 
connected with a memory sustaining battery. 

The MC34017 tone ringer (see its data sheet for 
details) is connected directly to Tip and Ring as it is not 
necessary to disconnect it when off-hook. This circuit 
has an REN ~0.5, and meets all EIA-470 and Bell system 
requirements for impedance, anti-bell tapping, and 
turn-on/off thresholds. 


OPERATION WITH A POWER SUPPLY 
Figure 28 indicates how to incorporate the MC34114 
into a circuit where a power supply is used. 


FIGURE 27 — BASIC PULSE/TONE TELEPHONE 
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FIGURE 28 — USE WITH A POWER SUPPLY . 
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A transformer (T1) is required at Tip and Ring to pro- 
vide the isolation required between the phone line and 
any AC power and earth ground. (The transformer must 
be rated to handle the loop current.) Since the loop 
current does not pass through the MC34114, loop length 
compensation is not possible in this circuit, and pin 2 
(LR) is left open. The RAGC pin is grounded, setting the 
transmit and receive gains to their maximum. 

The transformer provides a path for the power supply 
to reach the MC34114, while simultaneously coupling 
speech signals between Tip/Ring and the MC34114. The 
two series diodes provide transient clamping, as does 
the 12 volt zener diode. Although a +9.0 volt supply is 
shown, other voltages can be used as long as the 
MC34114 receives between 4.0 and 10.5 volts at Vcc. 

Because of the isolation requirement, the MC145412 
dialer requires a relay (RL1) to break the loop current 
during pulse dialing. The relay is normally off, and ener- 
gized only during pulse dialing. The 1.0 uF capacitor 
(rated 250 volts min., NPO) across the relay contacts 
helps absorb transients generated during pulse dialing. 


ALTERNATE MICROPHONE CONFIGURATIONS 

The MC34114 is designed for use with electret micro- 
phones, although dynamic microphones can be used. 
Carbon microphones are not recommended as they 
generally require considerable bias current which is not 
available from the MC34114’s regulators. 

When using an electret microphone which requires 
more than 1.7 volts, but less than 1.0 mA for bias, it can 
be biased from Vpp instead. 

If a three terminal electret microphone (containing an 
internal biasing resistor or equivalent) is used, it should 
be connected to the MC34114 as shown in Figure 29. 
The common mode rejection of the balanced circuit 
shown in Figure 1 is not present however, and care 
should be taken to prevent unwanted signals (radio sta- 
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tions, noise, etc.) from being picked up by the micro- 
phone leads. 


FIGURE 29 — 3-TERMINAL MICROPHONE 


MC34114 


Figure 30 indicates use of the MC34114 with a dynamic 
microphone. The output level of dynamic microphones 
is generally lower than electret units, and so the gain 
of the transmit path will have to be adjusted 
accordingly. 


FIGURE 30 — DYNAMIC MICROPHONE 
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NOTES: 
1) All capacitors in uF except where noted. 
2) HS = Handset operated hookswitch — 3 poles. 


FIGURE 32 — PULSE/TONE FEATUREPHONE WITH MEMORY — LINE POWERED 
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SS = Speakerphone on/off switch — 1 pole. 
Switches shown in on-hook position. 


3) All diodes 1N4002. 
4) These resistors depend on the specific microphones. 
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FIGURE 33 — PULSE/TONE FEATUREPHONE WITH MEMORY — LINE POWERED 
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EMI SUSCEPTIBILITY 

Potential EMI susceptibility problems should be 
addressed early in the electrical and mechanical design 
of the telephone. EMI may enter the circuit through Tip 
and Ring, through the microphone wiring, or through 
any of the PC board traces. The most sensitive pins on 
the MC34114 are the microphone amplifier inputs (MC1, 
MC2). Board traces to these pins should be kept short, 
and the associated components should preferably be 


physically close to the pins. TXI, RX!, and ZB should 
also be considered sensitive to EMI signals. 

The microphone wires within the handset cord can 
act as an antenna, and pick up nearby radio stations. If 
this is a problem in the final design, adding RF filters 
(consisting of ferrite beads and small (0.001 uF) ceramic 
capacitors) to the PC board where the wires attach to 
the board can generally reduce the problem. 


SUGGESTED VENDORS 


Microphones 
Primo Microphones Inc. 
Bensenville, lil. 60106 
312-595-1022 
Model EM-60 


MURA Corp. 


516-935-3640 


Telecom Transformers 
Microtran Co., Inc. 
Valley Stream, N.Y. 11528 
516-561-6050 
Ask for Applications 
Bulletin F232 


219-722-2244 


Onan Power/Electronics 
Minneapolis, MN 55437 
612-921-5600 


Model EC-983-7 


Westbury, N.Y. 11590 


Stancor Products 
Logansport, IN 46947 


Hosiden America Corp. 

Elk Grove Village, Ill. 60007 
312-981-1144 

Model KUC2123 


PREM Magnetics, Inc. 
McHenry, Ill. 60050 
815-385-2700 


Motorola Inc. does not endorse or warrant the suppliers referenced. 
Compliance with FCC or other regulatory agencies of the circuits described Herel is not implied or guaranteed by 


Motorola Inc. 
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Specifications and Applications 
Information 


CONTINUOUSLY VARIABLE SLOPE 
DELTA MODULATOR/DEMODULATOR 


Providing a simplified approach to digital speech encoding/ 
decoding, the MC34115 CVSD is designed for speech synthesis 
and commercial telephone applications. A single IC provides both 
encoding and decoding functions. 


@ Encode and Decode Functions Selectable with a Digital Input 
@ Utilization of Compatible I2L — Linear Bipolar Technology 
@e CMOS Compatible Digital Output 


@ Digital Input Threshold Selectable (Vcc/2 reference provided 
on chip) 


@ 3-Bit Algorithm P SUFFIX 


PLASTIC PACKAGE 
CASE 648-08 


CVSD BLOCK DIAGRAM . 
PIN CONNECTIONS 


Encode/ 
Decode 


Analog 
Analog Input a Input (—) 
Analog Feedback a Analog : Encode! 
Digital Data Input o Feedback (+) Decode 

Ju Syllabic 3 | 
Digital Threshold o 7.00.00 Filter 


Gain 13] Digital Data 
Se ae Control Input (—) 
, Coincidence ae iat 
Pres e igita 
curpat Input (+) | Threshold 
Digital Output o 
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Amplifier ' o Syllabic Filter Input (—) Output 


° Gain Control Analog Vec/2 
Output U Output 


Vcc/2 Output ° 
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MAXIMUM RATINGS 
(All voltages referenced to VEgc, TA = 25°C unless otherwise noted.) (See Note 2.) 


-—0.4to +18 


-0.4 to Vcc V 


Vde 
Vde 

dc 
Vdc 


) 
V 
V 
v 
: 
ELECTRICAL CHARACTERISTICS 


(Vcc = 12 V, Veg = Gnd, Ta = 0°C to + 70°C unless otherwise noted) 


Power Supply Current (Figure 1) 
(Idle Channel) 
= 5.0V 
= 15V 


Clock Rate | SR | 
Gain Control Current Range (Figure 2) IGCR 


Analog Comparator Input Range (Pins 1 and 2) 
4.75V <Vcc <= 16.5V 


dc 
ide 
dc 
A 
°C 
=G 
°C 


4.7 


5 
1.3 


Analog Output Range (Pin 7) 
4.75V <Vcc < 16.5 V,1l9o = +5.0 mA 


Input Bias Currents (Figure 3) 
Comparator in Active Region 
Analog Input (11) 
Analog Feedback (12) 
Syliabic Filter Input (13) 
Reference Input (15) 


Input Offset Voltage 
V/| Converter (Pins 3 and 4) — Figure 5 


Transconductance 
V/l Converter, 0 to 3.0 mA 
Integrator Amplifier, 0 to +5.0 mA Load 


Vcc 
Icc 
V\ 
Vo 
NB 
Input Offset Current 
Comparator in Active Region 
Analog Input/Analog Feedback 
11-12] — Figure 3 
Integrator Amplifier 
|I5-l6] — Figure 4 


Propagation Delay Times (Note 1) 
Clock Trigger to Digital Output 
CL = 25 pF to Gnd 
Clock Trigger to Coincidence Output 
Ci = 25 pF to Gnd 
RL = 4.0kQ to Vcc 


NOTES 1. All propagation delay times measured 50% to 50% from the negative going (from Vcc to +0.4 V) edge of the clock. 
2. Devices should not be operated at these values. The “Electrical Characteristics” provide conditions for actual device operation. 


=—- © 
o=—_ 
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ELECTRICAL CHARACTERISTICS (continued) 


Symbol 


Coincidence Output Voltage — VOL(Con) 
Low Logic State 
lOL(Con) = 3-0 mA | 


Coincidence Output Leakage Current — IOH(Con) 
High Logic State — 
VoH = 15V 


Digital Threshold Input Current 
1.2V < Vth = Vcc -2.0 V 
Vi_ applied to Pins 13, 14 and 15 
ViH applied to Pins 13, 14 and 15 


Vcc/2 Generator Tolerance 
4.75 V <Vccs16.5 V 


Logic Input Voltage (Pins 13, 14 and 15) 
Low Logic State 
High Logic State 


Dynamic Total Loop Offset Voltage 
(Note 3) — Figures 3, 4 and 5 
Igc = 33 vA, Vcc = 12 V 


Ta = 25°C 
~~ 0°C < Ta S +70°C 
Igc = 33 vA, Vec = 5.0 V 
Ta = 25°C 
0O°C < Ta S +70°C 
Digital Output Voltage (Pin 9) 
lol = 3.6 mA 
IOH = —0.35 mA 


Syllabic Filter Applied Voltage (Pin 3) visy) | +32 |  — | Veco _| 


‘Integrating Current (Figure 2) lint! 
12 uA 8.0 
= 15 mA 1.4 
= 3.0mA 2.75 


3.0 
Dynamic Integrating Current Match (Figure 6) hae es Pee ee | 
Igc = 1.5 mA 
Input Current — High Logic State IIH 
VIH = 16.5 V 
Digital Data Input 
Clock Input 
Encode/Decode Input | 
input Current — Low Logic State HL 
Vit = OV> 
Digital Data Input 
Clock Input | , 
Encode/Decode Input 
Clock Input, Vip = 0.4 V 


NOTE 3. Dynamic total loop offset ({Voffset) equals Vig (comparator) (Figure 3) minus Viox (Figure 5). The input offset voltages of the analog 
comparator and of the integrator amplifier include the effects of input offset current through the input resistors. The slope polarity switch 
current mismatch appears as an average voltage across the 10 k integrator resistor. The clock frequency is 16 kHz. Idle channel performance 
is guaranteed if this dynamic total loop offset is less than one-half of the change in integrator output voltage during one clock cycle (ramp 
step size). 
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DEFINITIONS AND FUNCTION OF PINS 


Pin 1 — Analog Input 

This is the analog comparator inverting input where 
the voice signal is applied. It may be ac or dc coupled 
depending on the application. If the voice signal is to 
be level shifted to the internal reference voltage, then 
a bias resistor between Pins 1 and 10 is used. The re- 
sistor is used to establish the reference as the new dc 
average of the ac coupled signal. The analog compar- 
ator was designed for low hysteresis (typically less than 
0.1 mV) and high gain (typically 70 dB). 


Pin 2 — Analog Feedback 

This is the non-inverting input to the analog signal 
comparator within the IC. In an encoder application it 
should be connected to the analog output of the encoder 
circuit. This may be Pin 7 or a low pass filter output 
connected to Pin 7. In a decode circuit Pin 2 is not used 
and may be tied to V¢c¢/2 on Pin 10, ground or left open. 

The analog input comparator has bias currents of 2.5 
pA max, thus the driving impedances of Pins 1 and 2 
should be equal to avoid disturbing the idle channel 
characteristics of the encoder. 


Pin 3 — Syllabic Filter 

This is the point at which the syllabic filter voltage is 
returned to the IC in order to control the integrator step 
size. It is an NPN input to an op amp. The syllabic filter 
consists of an RC network between Pins 11 and 3. Typ- 
ical time. constant values of 6 ms to 50 ms are used in 
voice codecs. 


Pin 4 — Gain Control Input 

The syllabic filter voltage appears across Cs of the 
syllabic filter and is the voltage between Vcc and Pin 
3. The active voltage to current (V—I) converter drives 
Pin 4 to the same voltage at a slew rate of typically 0.5 
V/ps. Thus the current injected into Pin 4 (IGc) is the 
syllabic filter voltage divided by the Ry resistance. Fig- 
ure 7 shows the relationship between IGc (x-axis) and 
the integrating current, lint (y-axis). The discrepancy, 
which is most significant at very low currents, is due to 
circuitry within the slope polarity switch which enables 
trimming to a low total loop offset. The Ry resistor is 
then varied to adjust the loop gain of the codec, but 
should be no larger than 5.0 kQ to maintain stability. 


Pin 5 — Reference Input 

This pin is the non-inverting input of the integrator 
amplifier. It is used to reference the dc level of the output 
signal. In an encoder circuit it must reference the same 
voltage as Pin 1 and is tied to Pin 10. 


Pin 6 — Filter Input 

This inverting op amp input is used to connect the 
integrator external components. The integrating current 
(Int) flows into Pin 6 when the analog input (Pin 1) is 
high with respect to the analog feedback (Pin 2) in the 


encode mode or when the digital data input (Pin 13) is 
high in the decode mode. For the opposite states, ljnt 
flows out of Pin 6. Single integration systems require a 
Capacitor and resistor between Pins 6 and 7. Multipole 
configurations will have different circuitry. The resis- 
tance between Pins 6 and 7 should typically be between 
8 kQ and 13 kQ to maintain good idle channel 
characteristics. 


Pin 7 — Analog Output 

This is the integrator op amp output. It is capable of 
driving a 600-ohm load referenced to Vcc/2 to +6 dBm 
and can otherwise be treated as an op amp output. Pins 
5, 6, and 7 provide full access to the integrator op amp 
for designing integration filter networks. The slew rate 
of the internally compensated integrator op amp is typ- 
ically 0.5 V/us. Pin 7 output is current limited for both 
polarities of current flow at typically 30 mA. 


Pin 8 — VEE . 

The circuit is designed to work in either single or dual 
power supply applications. Pin 8 is always connected 
to the most negative supply. 


Pin 9 — Digital Output 

The digital output provides the results of the delta 
modulator’s conversion. It swings between Vcc and 
Vee and is CMOS or TTL compatible. Pin 9 is inverting 
with respect to Pin 1 and non-inverting with respect to 
Pin 2. It is clocked on the falling edge of Pin 14. The 
typical 10% to 90% rise and fall times are 250 ns and 
50 ns respectively for Vcc = 12 V and C; = 25 pF to 
ground. 


Pin 10 — Vcc/2 Output 

An internal low impedance mid-supply reference is 
provided for use of the MC34115 in single supply ap- 
plications. The internal regulator is a current source and 
must be loaded with a resistor to insure its sinking ca- 
pability. If a +6 dBmo signal is expected across a 600 
ohm input bias resistor, then Pin 10 must sink 2.2 V/600 
Q = 3.66 mA. This is only possible if Pin 10 sources 
3.66 mA into a resistor normally and will source only 
the difference under peak load. The reference load re- 
sistor is chosen accordingly. A 0.1 «F bypass capacitor 
from Pin 10 to Veg is also recommended. The Vcc/2 
reference is capable of sourcing 10 mA and can be used 
as a reference elsewhere in the system circuitry. 


Pin 11 — Coincidence Output 

The coincidence output will be low whenever the con- 
tent of the internal 3 bit shift register is all 1s or all Os. 
Pin 11 is an open collector of an NPN device and re- 
quires a pull-up resistor. If the syllabic filter is to have 
equal charge and discharge time constants, the value 
of Rp should be much less than Rg. In systems requiring 
different charge and discharge constants, the charging 
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DEFINITIONS AND FUNCTION OF PINS (continued) 


constant is RgCs while the decaying constant is (Rg + 
Rp)Cs. Thus longer decays are easily achievable. The 
NPN device should not be required to sink more than 
3 mA. The typical 10% to 90% rise and fall times are 
200 ns and 100 ns respectively for Ri = 4kQN to +12 V 
and C; = 25 pF to ground. 


Pin 12 — Digital Threshold 

This input sets the switching threshold for Pins 13, 
14, and 15. It is intended to aid in interfacing different 
logic families without external parts. Typically it is con- 
nected to the Vcc/2 reference for CMOS interface or can 
be biased two diode drops above V_g for TTL interface. 


Pin 13 — Digital Data Input 

In a decode application, the digital data stream is ap- 
plied to Pin 13. In an encoder it may be unused or may 
be used to transmit signaling message under the control 
of Pin 15. It is an inverting input with respect to Pin 9. 
When Pins 9 and 13 are connected, a toggle flip-flop is 
formed and a forced idle channel pattern can be trans- 
mitted. The digital data input level should be maintained 
for 0.5 ws before and after the clock trigger for proper 
clocking. 


FIGURE 1 — POWER SUPPLY CURRENT 


Pin 14 — Clock Input 

The clock input determines the data rate of the codec 
circuit. A 16K bit rate requires a 16 kHz clock. The switch- 
ing threshold of the clock input is set by Pin 12. The 
shift register circuit toggles on the falling edge of the 
clock input. The minimum width for a positive-going 
pulse on the clock input is 300 ns, whereas for a 
negative-going pulse, it is 900 ns. 


Pin 15 — Encode/Decode 

This pin controls the connection of the analog input 
comparator and the digital input comparator to the in- 
ternal shift register. If high, the result of the analog com- 
parison will be clocked into the register on the falling 
edge at Pin 14. If low, the digital input state will be 
entered. This allows use of the IC as an encoder/decoder 
or simplex codec without external parts. Furthermore, 
it allows non-voice patterns to be forced onto the trans- 
mission line through Pin 13 in an encoder. 


Pin 16 — Vcc 
The power supply range is from 4.75 to 16.5 volts 
between pin Vcc and V_eE. 


FIGURE 2 — Igcr, GAIN CONTROL RANGE and 
lint — INTEGRATING CURRENT 


eer 


*Clock 


4  CVSD Digital 
MC34115 Data Input 
12 


, Digital 
Output 


Note: Digital Output = Digital Data Input 


*For static testing, the clock is only necessary for precondition- 
_ing to obtain proper state for a given input. 
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FIGURE 3 — INPUT BIAS CURRENTS, ANALOG 
COMPARATOR OFFSET VOLTAGE AND CURRENT 


VIO 
(comparator) 


Note: The analog comparator offset voltage is tested under 
dynamic conditions and therefore must be measured with 
appropriate filtering. 


FIGURE 5 — V/i CONVERTER OFFSET VOLTAGE, 
Vio and Viox 


4 cvsp 13 
MC34115 
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VIOX 
(Integrator 


Amplifier +0 
Offset 
Voltage 
plus Slope 
Polarity 
Switch = 
Mismatch) 
*Clock Frequency = 16 kHz 


Note: Viox is the average voltage of the triangular waveform 
observed at the measurement points. 


FIGURE 4 — INTEGRATOR AMPLIFIER OFFSET 
VOLTAGE AND CURRENT 


15 
—|, MC34115 
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FIGURE 6 — DYNAMIC INTEGRATING CURRENT MATCH 


CVSD 
MC34115 


Vo(AV) 
(Note 1) 


*Clock Frequency = 16 kHz 


Notes: 1. Vo(ay), Dynamic Integrating Current Match, is the av- 
erage voltage of the triangular waveform observed at 
the measurement points, across 10 kf resistor with 
Igc = 1.5 mA. 


2. See Note 3 of the Electrical Characteristics, Page 3. 
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TYPICAL PERFORMANCE CURVES 


| FIGURE 8 — NORMALIZED DYNAMIC 
FIGURE 7 — TYPICAL lint versus igc (Mean + 20) INTEGRATING CURRENT MATCH versus Vcc 
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(See Note 3 of Electrical 
Characteristics, page 3.) 
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FIGURE 11 — BLOCK DIAGRAM OF THE CVSD ENCODER 
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FIGURE 12 — CVSD WAVEFORMS 
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FIGURE 13 — BLOCK DIAGRAM OF THE CVSD DECODER 
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CVSD CIRCUIT SCHEMATIC 
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CIRCUIT DESCRIPTION 


The continuously variable slope delta modulator 
(CVSD) is a simple alternative to more complex con- 
ventional conversion techniques in systems requiring 
digital communication of analog signals. The human 
voice is analog, but digital transmission of any signal 
over great distance is attractive. Signal/noise ratios do 
not vary with distance in digital transmission and mul- 
tiplexing, switching and repeating hardware is more 
economical and easier to design. However, instrumen- 
tation A to D converters do not meet the communica- 
tions requirements. The CVSD A to D is well suited to 
the requirements of digital communications and is an 
economically efficient means of digitizing analog inputs 
for transmission. 


The Delta Modulator 

The innermost control loop of a CVSD converter is a 
simple delta modulator. A block diagram CVSD Encoder 
is shown in Figure 11. A delta modulator consists of a 
comparator in the forward path and an integrator in the 
feedback path of a simple control loop. The inputs to 
the comparator are the input analog signal and the in- 
tregrator output. The comparator output reflects the 
sign of the difference between the input voltage and 
the integrator output. That sign bit is the digital output 
and also controls the direction of ramp in the integrator. 
The comparator is normally clocked so as to produce a 
synchronous and band limited digital bit stream. 

If the clocked serial bit stream is transmitted, received, 
and delivered to a similar integrator at a remote point, 
the remote integrator output is a copy of the transmit- 
ting control loop integrator output. To the extent that 
the integrator at the transmitting locations tracks the 
input signal, the remote receiver reproduces the input 
signal. Low pass filtering at the receiver output will elim- 
inate most of the quantizing noise, if the clock rate of 
the bit stream is an octave or more above the bandwidth 
of the input signal. Voice bandwidth is 4 kHz and clock 
rates from 8 k and up are possible. Thus the delta mod- 
ulator digitizes and transmits the analog input to a re- 
mote receiver. The serial, unframed nature of the data 
is ideal for communications networks. With no input at 
the transmitter, a continuous one zero alternation is 
transmitted. If the two integrators are made leaky, then 
during any loss of contact the receiver output decays 
to zero and receive restart begins without framing when 
the receiver reacquires. Similarly a delta modulator is 
tolerant of sporadic bit errors. Figure 12 shows the delta 
modulator waveforms while Figure 13 shows the cor- 
responding CVSD decoder block diagram. 


The Companding Algorithm 

The fundamental advantages of the delta modulator 
are its simplicity and the serial format of its output. Its 
limitations are its ability to accurately convert the input 
within a limited digital bit rate. The analog input must 


be band limited and amplitude limited. The frequency 
limitations are governed by the nyquist rate while the 
amplitude capabilities are set by the gain of the 
integrator. 

The frequency limits are bounded on the upper end; 
that is, for any input bandwidth there exists a clock 
frequency larger than that bandwidth which will trans- 
mit the signal with a specific noise !eve!. However, the 
amplitude limits are bounded on both upper and lower 
ends. For a signal level, one specific gain will achieve 
an optimum noise level. Unfortunately, the basic delta 
modulator has a small dynamic range over which the 
noise level is constant. 

The continuously variable slope circuitry provides 
increased dynamic range by adjusting the gain of the 
integrator. For a given clock frequency and input band- 
width the additional circuitry increases the delta 
modulator’s dynamic range. External to the basic delta 
modulator is an algorithm which monitors the past few 
outputs of the delta modulator in a simple shift register. 
The register is 3 bits long. The accepted CVSD algorithm 
simply monitors the contents of the shift register and 
indicates if it contains all 1s or Os. This condition is called 
coincidence. When it occurs, it indicates that the gain 
of the integrator is too small. The coincidence output 
charges a single pole low pass filter. The voltage output 
of this syllabic filter controls the integrator gain through 
a pulse amplitude modulator whose other input is the 
sign bit or up/down control. 

The simplicity of the all ones, all zeros algorithm 
should not be taken lightly. Many other control algo- 
rithms using the shift register have been tried. The key 
to the accepted algorithm is that it provides a measure 
of the average power or level of the input signal. Other 
techniques provide more instantaneous information 
about the shape of the input curve. The purpose of the 
algorithm is to control the gain of the integrator and to 
increase the dynamic range. Thus a measure of the av- 
erage input level is what is needed. 

The algorithm is repeated in the receiver and thus the 
level data is recovered in the receiver. Because the al- 
gorithm only operates on the past serial data, it changes 
the nature of the bit stream without changing the chan- 
nel bit rate. 

The effect of the algorithm is to compand the input 
signal. If a CVSD encoder is played into a basic delta 
modulator, the output of the delta modulator will reflect 
the shape of the input signal but all of the output will 
be at an equal level. Thus the algorithm at the output 
is needed to restore the level variations. The bit stream 
in the channel is as if it were from a standard delta 
modulator with a constant level input. 

The delta modulator encoder with the CVSD algo- 
rithm provides an efficient method for digitizing a voice 
input in a manner which is especially convenient for 
digital communications requirements. 
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FIGURE 14 — 16 kHz SIMPLEX VOICE CODEC 
(Using MC34115, Single Pole Companding and Single Integration) 
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APPLICATIONS INFORMATION 
CVSD DESIGN CONSIDERATIONS 


A simple CVSD encoder using the MC34115 is shown 
in Figure 14. This IC is a general purpose CVSD building 
block which allow the system designer to tailor the en- 
coder’s transmission characteristics to the application. 
Thus, the achievable transmission capabilities are con- 
strained by the fundamental limitations of delta mod- 
ulation and the design of encoder parameters. The per- 
formance is not dictated by the internal configuration 
of the MC34115.. There are six design considerations 
involved in designing the basic CVSD building block into 
a specific codec application. 

These are listed below: 


1. Selection of clock rate 


Selection of loop gain 

Selection of minimum step size 

Design of integration filter transfer function 
Design of syllabic filter transfer function | 

. Design of low pass filter at the receiver 


AN RWHN 


The circuit in Figure 14 is the most basic CVSD circuit 
possible. For many applications in secure radio or other 
intelligible voice channel requirements, it is entirely suf- 
ficient. In this circuit, items 4 and 5 are reduced to their 
simplest form. They syllabic and integration filters are 
both single pole networks. The selection of items 1 
through 3 govern the codec performance. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-360 


MC34115 


CVSD DESIGN CONSIDERATIONS (continued) 


Layout Considerations 

Care should be exercised to isolate all digital signal 
paths (Pins 9, 11, 13, and 14) from analog signal paths 
(Pins 1-7 and 10) in order to achieve proper idle channel 
performance. 


Clock Rate 

With minor modifications the circuit in Figure 14 may 
be operated anywhere from 9.6 kHz to 64 kHz clock rates. 
Obviously the higher the clock rate the higher the S/N 
performance. The circuit in Figure 14 typically produces 
the S/N performance shown in Figure 15. The selection 
of clock rate is usually dictated by the bandwidth of the 
transmission medium. Voice bandwidth systems will 
require no higher than 9600 Hz. Some radio systems 
will allow 12 kHz. Private 4-wire telephone systems are 
often operated at 16 kHz and commercial telephone per- 
formance can be achieved at 32K bits and above. 


FIGURE 15 — SIGNAL-TO-NOISE PERFORMANCE 
OF MC34115 WITH SINGLE INTEGRATION, SINGLE-POLE 
AND COMPANDING AT 16K BITS — TYPICAL 


Clock Rate = 16 kHz 
*~ Test Tone = 1.0 kHz Sine Wave | 
| Noise Weighting C Message 


S/N (dB) 


— 30 —10 0 10 


— 20 
INPUT LEVEL (dB) RELATIVE TO SLOPE OVERLOAD 


Selection of Loop Gain 

The gain of the circuit in Figure 14 is set by resistor 
Ry. Ry must be selected to provide the proper integrator 
step size for high level signals such that the companding 
ratio does not exceed about 25%. The companding ratio 
is the active low duty cycle of the coincidence output 
on Pin 11 of the codec circuit. Thus the system gain is 
dependent on: 


1. The maximum level and frequency of the input 
signal. 
2. The transfer function of the integration filter. 


For voice codecs the typical input signal is taken to be 
a sine wave at 1 kHz of 0 dBmo level. In practice, the 
useful dynamic range extends about 6 dB above the 
design level. In any system the companding ratio should 
not exceed 30%. 


To calculate the required step size current, we must 
describe the transfer characteristics of the integration 
filter. In the basic circuit of Figure 14, a single pole of 
160 Hz is used. 


R = 10k, C = 0.1 uF 
a ee 
Wo = 27 
103 = wo = 2nf 
f= 159.2 Hz 


Note that the integration filter produces a single- 
pole response from 300 to 3 kHz. The current required 
to move the integrator output a specific voltage from 
zero is simply: 


R dt 

Now a 0 dBmo sine wave has a peak value of 1.0954 
volts. In 1/8 of a cycle of a sine wave centered around 
the zero crossing, the sine wave changes by approxi- 
mately its peak value. The CVSD step should trace that 
change. The required current for a 0 dBm 1 kHz sine 
wave is: 


-_ 1.1V é 0.1 wF(1.1) | 
'  *2(10 kQ) 0.125 ms 
*The maximum voltage across R when maximum 


slew is required is: 


0.935 mA 


1.1V 
2 


Now the voltage range of the syllabic filter is the 
power supply voltage, thus: | 


1 
A similar procedure can be followed to establish 
the proper gain for any input level and integration filter 


type. 


Minimum Step Size 

The final parameter to be selected for the simple co- 
dec in Figure 14 is idle channel step size. With no input 
signal, the digital output becomes a one-zero alternat- 
ing pattern and the analog output becomes a small tri- 
angle wave. Mismatches of internal currents and offsets 
limit the minimum step size which will produce a perfect 
idle channel pattern. The MC34115 is tested to ensure 
that a 20 mMVp-p mimimum step size at 16 kHz will attain 
a proper idle channel. The idle channel step size must 
be twice the specified total loop offset if a one-zero idle 
pattern is desired. In some applications a much smaller 
minimum step size (e.g., 0.1 mV) can produce quiet 
performance without providing a 1-0 pattern. 
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CVSD DESIGN CONSIDERATIONS (continued) 


To set the idle channel step size, the value of Rmin 
must be selected. With no input signal, the slope control 
algorithm is inactive. A long series of ones or zeros 
never occurs. Thus, the voltage across the syllabic filter 
capacitor (Cs) would decay to zero. However, the volt- 
age divider of Rs and Rmin (see Figure 14) sets the 
minimum allowed voltage across the syllabic filter ca- 
pacitor. That voltage must produce the desired ramps 
at the analog output. Again we write the filter input 
current equation: 


Vo dVo 
R dt 

For values of Vg near Vcc/2 the Vo/R term is negli- 
gible; thus 


ij = +C 


where AT is the clock period and AVo is the desired 


peak-to-peak value of the idle output. For a 16K-bit sys- 
tem using the circuit in Figure 14 

0.1 wF 20 mV 

62.5 us 
The voltage on Cs which produces a 32 A current is 
determined by the value of Rx. 
IjRx = Vgmin; for 32 uA, Vgmin = 41.6 mV 

In Figure 14 Rg is 18 kQ. That selection is discussed 
with the syllabic filter considerations. The voltage 


divider of Rg and Rmjn must produce an output of 
41.6 mV. 


| = = 32 pA 


Rs , sie 
Vcc Aas haan VSmin Rmin = 2.4 MQ 
Having established these three parameters — clock 
rate, loop gain and minimum step size — the encoder 
circuit in Figure 14 will function at near optimum per- 
formance for input levels around 0 dBm. 


INCREASING CVSD PERFORMANCE 


Integration Filter Design 

The circuit in Figure 14 uses a single-pole integration 
network formed with a 0.1 uF capacitor and a 10 kQ 
resistor. It is possible to improve the performance of 
the circuit in Figure 14 by 1 or 2 dB by using a two-pole 
integration network. The improved circuit is shown. 

The first pole is still placed below 300 Hz to provide 
the 1/S voice content curve and a second pole is placed 
somewhere above the 1 kHz frequency. For telephony 
circuits, the second pole can be placed above 1.8 kHz 
to exceed the 1633 touchtone frequency. In other com- 
munication systems, values as low as 1 kHz may be 
selected. In general, the lower in frequency the second 
pole is placed, the greater the noise improvement. Then, 
to ensure the encoder loop stability, a zero is added to 
keep the phase shift less than 180°. This zero should be 
placed slightly above the low-pass output filter break 
frequency so as not to reduce the effectiveness of the 
second pole. A network of 235 Hz, 2 kHz and 5.2 kHz is 
typical for telephone applications while 160 Hz, 1.2 kHz 
and 2.8 kHz might be used in voice only channels. (Voice 
only channels can use an output low-pass filter which 
breaks at about 2.5 kHz.) The two-pole network in Figure 
16 has a transfer function of: 


| 1 
romi(S + ics) 
Vo 


1 1 
RaCo(Rg + R1)(S + =——~—— JS + (~—— 
| aren v (Ro + zi) (aes) 


FIGURE 16 — IMPROVED FILTER CONFIGURATION 


Analog Output O 


C2 
0.15 uF 


These component values are for the telephone channel circuit poles 
described in the text. The R2, C2 product can be provided with different 
values of R and C. R2 should be chosen to be equal to the termination 
resistor on Pin 1. 


Thus the two poles and the zero can be selected arbi- 


_ trarily as long as the zero is at a higher frequency than 


the first pole. The values in Figure 16 represent one 
implementation of the telephony filter requirement. 
The selection of the two-pole filter network affects the 
selection of the loop gain value and the minimum step 
size resistor. The required integrator current for a given 
change in voltage now becomes: 
+ c1) 


Vo : (Baca " R4C 
Rica AVo2 


AVo 
Ro Ro 7 
Ro AT2 


AT 
RgC9Ci + 
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INCREASING CVSD PERFORMANCE (continued) 


The calculation of desired gain resistor Ry then pro- 
ceeds exactly as previously described. 


Syllabic Filter Design 

The syllabic filter in Figure 14 is a simple single-pole 
network of 18 kQ. and 0.33 uF. This produces a 6.0 ms 
time constant for the averaging of the coincidence out- 
put signai. The voltage across the capacitor determines 
the integrator current which in turn establishes the step 
size. The integrator current and the resulting step size 
determine the companding ratio and the S/N perfor- 
mance. The companding ratio is defined as the voltage 
across Cs/Vcc. 

The S/N performance may be improved by modifying 
the voltage to current transformation produced by Rx. 
If different portions of the total Ry are shunted by 
diodes, the integrator current can be other than (Vcc 
— Vg)/Rx. These breakpoint curves must be designed 
experimentally for the particular system application. In 
general, one would wish that the current would double 
with input level. To design the desired curve, supply 
current to Pin 4.of the codec from an external source. 
Input a signal level and adjust the current until the S/N 
performance is optimum. Then record the syllabic filter 
voltage and the current. Repeat this for all desired signal 
levels. Then derive the resistor diode network which 
produces that curve on a curve tracer. 

Once the network is designed with the curve tracer, 
it is then inserted in place of Ry in the circuit and the 


forced optimum noise performance will be achieved 
from the active syllabic algorithm. 

Diode breakpoint networks may be very simple or 
moderately complex and can improve the usable dy- 
namic range of any codec. In the past they have been 
used in high performance telephone codecs. 

Typical resistor-diode networks are shown in Fig- 
ure 17. 


FIGURE 17 — RESISTOR-DIODE NETWORKS 


Output Low Pass Filter 

A low pass filter is required at the receiving circuit 
output to eliminate quantizing noise. In general, the 
lower the bit rate, the better the filter must be. The filter 
in Figure 18 provides excellent performance for 12 kHz 
to 40 kHz systems. 


FIGURE 18 — HIGH PERFORMANCE ELLIPTIC FILTER FOR CVSD OUTPUT 


Ro 1000 pF 


87.6 k 175 k 


C3 C4 
157 pF 78 pF 


Designed for 0.28 dB ripple in the pass band 
Wn = 3.0 kHz 
Wg = = 6.0 kHz 
AGB at wes and above 29.5 dB 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-363 


MC34115 


FIGURE 19 — FULL DUPLEX/16K BIT CVSD VOICE CODEC USING MC34115 AND MC3503/6 OP AMP 
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Codec Components Input Filter Specifications Filter Components 
Rx4, Rx2 — 3.3 ka | 12 dB/Octave Rolloff above 3.3 kHz R1 — 965 0 C1 — 3.3 pF 
Rp1, Rp2 — 3.3 kO 6 dB/Octave Rolloff below 50 Hz R2 — 72 kQ C2 — 837 pF 
Rs1, Rg2 — 100 kQ : ~ R3— 72 kD C3 — 536 pF 
Ry, Rig — 20 kO Output Filter Specifications — R4 — 63.46 kQ C4 — 1000 pF 
R12 — 1 kX Break Frequency — 3.3 kHz - R5 — 127 kO C5 — 222 pF 
Rui Ruv2 — 10 MQ Stop Band — 9 kHz R6 — 365.5 kO, C6 — 77 pF 
Minimum step size = 20 mV Stop Band Atten. — 50 dB R7 — 1.645 MQ C7 — 38 pF 
Cs1, Cs2 — 0.05 uF Rolloff — >40 dB/Octave  — R8 — 72 kN C8 — 837 pF 
C1, Cig — 0.05 uF : RI — 72 kN C9 — 536 pF 
2 MC34115 R10 — 29.5 kN, 
1 MC3403 (or MC3406) . R11 — 72 kX 
Note: All Res. 5% Note: All Res. 0.1% to 1%. 
All Cap. 5% All Cap. 1.0% 
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TECHNICAL DATA 


Specifications and Applications 
Information 


VOICE SWITCHED 
SPEAKERPHONE CIRCUIT 


VOICE SWITCHED SPEAKERPHONE CIRCUIT SILICON MONOLITHIC 


; re INTEGRATED CIRCUIT 

The MC34118 Voice Switched Speakerphone Circuit incorpo- 
rates the necessary amplifiers, attenuators, level detectors, and 
control aigorithm to form the heart of a high quality hands-free 
speakerphone system. Included are a microphone amplifier with 
adjustable gain and MUTE control, Transmit and Receive atten- 
uators which operate in a complementary manner, level detectors 
at both input and output of both attenuators, and background 
noise monitors for both the transmit and receive channels. A Dial 
Tone Detector prevents the dial tone from being attenuated by 
the Receive background noise monitor circuit. Also included are 
two line driver amplifiers which can be used to form a hybrid P SUFFIX 
network in conjunction with an external coupling transformer. A PLASTIC PACKAGE 
high-pass filter can be used to filter out 60 Hz noise in the receive CASE 710-02 
channel, or for other filtering functions. A Chip Disable pin permits 
powering down the entire circuit to conserve power on long loops 
where loop current is at a minimum. 

The MC34118 may be operated from a power supply, or it can 
be powered from the telephone line, requiring typically 5.0 mA. is 
The MC34118 can be interfaced directly to Tip and Ring (through DW SUFFIX 
a coupling transformer) for stand-alone operation, or it can be PLASTIC PACKAGE 
used in conjunction with a handset speech network and/or other CASE 751F-03 
features of a featurephone. 

@ Improved Attenuator Gain Range: 52 dB Between Transmit 
and Receive 

e eta Operation for Line-Powered Applications PIN CONNECTIONS 

e@ 4-Point Signal Sensing for Improved Sensitivity (Top View) 

@ Background Noise Monitors for Both Transmit and Receive 

Paths 
e Microphone Amplifier Gain Set by External Resistors — Mute 

Function Included 
e@ Chip Disable for Active/Standby Operation 
@ On Board Filter Pinned-Out for User Defined Function 
@ Dial Tone Detector to Inhibit Receive Idle Mode During Dial 

Tone Presence ; 

e@ Standard 28-Pin Plastic DIP Package and SOIC Package 

Available 
e Compatible with MC34119 Speaker Amplifier 


SIMPLIFIED BLOCK DIAGRAM 
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(Pin assignments same for both packages) 


Power Amp 
(External) 
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ABSOLUTE MAXIMUM RATINGS 


Voltage at TXI (Pin 9), RXI (Pin 21), Fl (Pin 2) -0.5, Voc + 0.5 
Storage Temperature Range —65 to +150 


Devices should not be operated at or outside these values. The “‘Recommended Operating Limits’ provide for actual device 
operation. : 


RECOMMENDED OPERATING LIMITS 


[6D Input (Fn ), MUT input Pin 2) —SSSCSC“‘“‘S*~“‘“~*S*“~*~*~*rCi 
lyp Current (Pin 15) eat 
[0.3 x VB 


VLC (Pin 13) 
Attenuator Input Signal Voltage (Pins 9, 21) 


Microphone Amplifier, Hybrid Amplifier Gain 


Load Current @ RXO, TXO (Pins 8, 22) 
(@ MCO (Pin 10) 
@ HTO—, HTO+ (Pins 6, 5) 


Ambient Operating Temperature Range 


ELECTRICAL CHARACTERISTICS (Ta = +25°C, Vcc = 5.0 V, CD < 0.8 V, unless noted) 


parameter | Symbot_ | Min | typ [Max | Units _ 


POWER SUPPLY 


Vcc Supply Current (Vcc = 


(Vcc = 
CD Input Resistance (Vcc = Vcp = 6.5 V) 
CD Input Voltage — High 
— Low 
Vg Output Voltage (Vcc = 3.5 V) 
(Vcc = 5.0 V) 


Vg Output Resistance (lyg = 1.0 mA) 
Vp Power Supply Rejection Ratio (Cyg = 220 uF, f = 1.0 kHz) 


ATTENUATORS (Ta = + 25°C) 


Receive Attenuator Gain (f = 1.0 kHz, Vic = Vg) | 
Rx Mode, RXI = 150 mVrms (Vcc = 5.0 V) 
Rx Mode, RX! = 150 mVrms (Vcc = 3.5 V) 
Gain Change — Vcc = 3.5 V versus Vcc = 5.0 V 
AGC Gain Change — Vcc = 2.8 V versus Vcc = 5.0 V* 
Idle Mode, RXI = 150 mVrms 
Range (Rx to Tx Mode) 


RX3 
Volume Control Range (Rx Mode, 0.3 Vg < Vic < Vg) | Ver fo 
RXO DC Voltage (Rx Mode) 
ARXO DC Voltage (Rx to Tx Mode) 


RXO Low Voltage (Ioyt = +1.0 mA, RXI = Vg — 1.0, VRXOL 5 — 1.0 Vde 
Output measured with respect to Vp)* 
RXI Input Resistance (RXI < 350 mVrms) Rrxl | 70 | 1 | 4 | Ko | 


(continued) 
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ELECTRICAL CHARACTERISTICS (Ta = +25°C, Vcc = 5.0 V, CD < 0.8 V, unless noted) 


[rameter «| Syebol Min | te | Man | Unie 


ATTENUATORS — continued (Ta = +25°C) 


Transmit Attenuator Gain (f = 1.0 kHz) 
Tx Mode, TXI = 150 mVrms GTX +4.0 +6.0 
Idle Mode, TX! = 150 mVrms GTX! ee 
Range (Tx to Rx Mode) AGTX! 49 


TXO DC Voltage (Tx Mode) Vrxo | — | Vp 
ATXO DC Voltage (Tx to Rx Mode) AVTXO eee oll 


TXO High Voltage (Ionyt = —1.0 MA TXI = Vp + 1.5 V) VTXOH 3.7 — 


TXO Low Voltage (Io9yt = +1.0 mA, TX] = VB — 1.0 V, VTXOL —1.5 
Output measured with respect to Vp)* 


TXI Input Resistance (TXI < 350 mVrms) RTx| 
Gain Tracking (Gax + Gtx, @ Tx, Idle, Rx)* GTR 


*See text for explanation. 

ATTENUATOR CONTROL (Ta = +25°C) 

Cry Voltage (Pin 14 — Vp) 
Rx Mode (Vic = Vp) 


Idle Mode 
Tx Mode 


cn ! 
NN 
co) 


It 


= : . 
Oo 


VCT 


Cy Source Current (switching to Rx mode) 


Cry Sink Current (switching to Tx mode) 
Cy Slow Idle Current ICTS 
Cry Fast Idle Internal Resistance | Re, | 


Vic Input Current 


Dial Tone Detector Threshold 


+ 
a= 


on 


Ouptut Offset (Vijco — Vp, Feedback R = 180 kf) . MCOvos 


Open Loop Gain (f < 100 Hz) AVOLM eto! 

Gain Bandwidth GBWm | | 

Output High Voltage (lout = —1.0 mA, Vcc = 5.0 V) VMCOH 
—55 


Output Low Voltage (Iobyt = +1.0 mA) VMCOL 


Input Bias Current (@ MCI) IBM 


Muting (AGain) (f = 1.0 kHz, VaquT = 2.0 V) GMT 
(300 Hz < f < 10 kHz) 


MUT Input Resistance (Vcc = VmMuT = 6.5 V) RMUT 
MUT Input — High | VMUTH 2.0 


Distortion (300 Hz < f < 10 kHz) 
HYBRID AMPLIFIERS (Ta = +25°C) 


HTO— Offset (VHTo— — Vp, Feedback R = 51 kO) Hvos ee ea 
HTO— to HTO+ Offset (Feedback R = 51 k0) HByos | -30 | 0 | 


ees 
THB vos 

open Loop Gein HTItoHTO=,f=100H2) Svs a8 
Fe 
[closed Loop Goin WTO w ATO) ——SSCS~C~S~S~SAv 0 

input Bias Curent @um —SSSCS~S 
[HTO- High Voltage lout = -E0mA)——SSC~“S~sS*sMe wn Pw | 
[HTO= Low Votage lu = +50ma)——— Sd | | 
[TOs High Voltage lout = -50mA)SOSOS™~S~S~dC |g | 
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parameter Symbol | Min | Typ | Max | Units 


LEVEL DETECTORS AND BACKGROUND NOISE MONITORS (Ta = + 25°C) 


Transmit-Receive Switching Threshold 
(Ratio of Current at RLI1 + RLI2 to 20 pA 
at TLI1 + TLI2 to switch from Tx to Rx) 


Source Current at RLO1, RLO2, TLO1, TLO2 tL ibeoe la | ae 

Sink Current at RLO1, RLO2, TLO1, TLO2 | | tisk | — | 40 | — | wa | 
awe 7 
eeu ie 


CPR, CPT Output Resistance (loyt = 1.5 mA) 
CPR, CPT Leakage Current ICPLK 


FILTER (Ta = +25°C) | 
Voltage Offset at FO (VFg — Vp, 220 kQ from Vg to FI) 


Fl Bias Current 
SYSTEM DISTORTION (Ta = +25°C, f = 1.0 kHz) 
Rx Mode (From Fl to RXO, FO connected to RX!) THDR 


Tx Mode (From MCI to HTO—/HTO+, includes Tx attenuator) THOT | — | o8 | 30 | % 


1. All currents into a device pin are positive, those out of a pin are negative. Algebraic convention rather than magnitude is used to define limits. 


| =200 
FO Sink Current | 150 | 
ee 
es 


FIGURE 1 — HYBRID AMPLIFIER DISTORTION TEST 


X1 Instr. 
Amplifier 


To Dist. 
Analyzer 


~ TEMPERATURE CHARACTERISTICS 


Parameter @ 25°C -—20 to +60°C 
Vcc Supply Current (CD = 0.8 V) | 
Vcc Supply Current (CD = 2.0 V) on | 400wA | 0 er 
Vp Output Voltage (Vcc = 5.0 V) 
Attenuator Gain (Max Gain) | -+60dB = |_~—so.0008 dBc si 
Transmit-Receive Switching Threshold . 
Sink Current at RLO1, RLO2, TLO1, TLO2 7 
Closed Loop Gain (HTO-— to HTO+) 
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PIN DESCRIPTION 


Description 


1 FO Filter output. Output impedance is less 
than 50 ohms. 

2 FI Filter input. Input impedance is greater 
than 1.0 Mohm. 


Chip Disable. A logic low (<0.8 V) sets 
normal operation. A logic high (>2.0 V) 
disables the IC to conserve power. Input 
impedance is nominally 90 kQ. 


A supply voltage of +2.8 to +6.5 volts 
is required, at ~ 5.0 mA. As Vcc falls 
from 3.5 to 2.8 volts, an AGC circuit 
reduces the receive attenuator gain by 
= 25 dB (when in the receive mode). 


Output of the second hybrid amplifier. 
The gain is internally set at — 1.0 to 
provide a differential output, in 
conjunction with HTO-—, to the hybrid 
transformer. 


Output of the first hybrid amplifier. The 
gain of the amp is set by external 
resistors. 


on 


HTI Input and summing node for the first 
hybrid amplifier. DC level is ~Vg. 


XO Output of the transmit attenuator. DC 
level is approximately Vp. 


8 


— 
x 


Input to the transmit attenuator. Max. 
signal level is 350 mVrms. Input 
impedance is ~10 kQ. 


fa) 


gain of the amplifier is set by external 
resistors. 


11 MCI 


Input and summing node of the 
microphone amplifier. DC level is ~ Vg. 


= 
rae 
4 


Mute input. A logic low (<0.8 V) sets 
normal operation. A logic high (>2.0 V) 
mutes the microphone amplifier without 
affecting the rest of the circuit. Input 
impedance is nominally 90 kQ. 


Output of the microphone amplifier. The 


Volume control input. When VLC = Vp, 
the receive attenuator is at maximum 
gain when in the receive mode. When 
VLC = 0.3 Vp, the receive gain is down 
35 dB. Does not affect the transmit mode. 


An RC at this pin sets the response time 
for the circuit to switch modes. 


An output voltage ~Vcc/2. This voltage 
is a system ac ground, and biases the 
volume control. A filter cap is required. 


Input to the transmit level detector on 
the mike/speaker side. 


Output of the transmit level detector on 
the mike/speaker side, and input to the 
transmit background monitor. 


Output of the receive level detector on 
the mike/speaker side. 


Input to the receive level detector on the 
mike/speaker side. 


Input to the receive attenuator and dial © 
tone detector. Max input level is 350 mV 
RMS. Input impedance is ~10 kQ. 


22 |RXO Output of the receive attenuator. DC 
level is approximately Vg. 
Input to the transmit level detector on 
the line side. 
24 |TLO1 Output of the transmit level detector on 
the line side. 


Output of the receive level detector on 
the line side, and input to the receive 
background monitor. 


Ground pin for the entire IC. 


Note: Pin numbers are identical for the DIP package and the SOIC package. 
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FIGURE 2 — MC34118 BLOCK DIAGRAM 
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FUNCTIONAL DESCRIPTION 


INTRODUCTION 

The fundamental difference between the operation of 
a speakerphone and a handset is that of half-duplex 
versus full-duplex. The handset is full duplex since con- 
versation can occur in both directions (transmit and 
receive) simultaneously. A speakerphone has higher 
gain levels in both paths, and attempting to converse 
full duplex results in oscillatory problems due to the 
loop that exists within the system. The loop is formed 
by the receive and transmit paths, the hybrid, and the 
acoustic coupling (speaker to microphone). The only 
practical and economical solution used to date is to 
design the speakerphone to function in a half duplex 
mode — i.e., only one person speaks at a time, while 
the other listens. To achieve this requires a circuit which 
can detect who is talking, switch on the appropriate path 
(transmit or receive), and switch off (attenuate) the other 
path. In this way, the loop gain is maintained less than 
unity. When the talkers exchange function, the circuit 
must quickly detect this, and switch the circuit appro- 
priately. By providing speech level detectors, the circuit 
operates in a ‘hands-free’ mode, eliminating the need 
for a “‘push-to-talk’’ switch. 

The handset, by the way, has the same loop as the 
speakerphone. But since the gains are considerably 
lower, and since the acoustic coupling from the earpiece 
to the mouthpiece is almost non-existent (the receiver 
is normally held against a person’s ear), oscillations 
don’t occur. 

The MC34118 provides the necessary level detectors, 
attenuators, and switching control for a properly oper- 
ating speakerphone. The detection sensitivity and tim- 
ing are externally controllable. Additionally, the 
MC34118 provides background noise monitors which 
make the circuit insensitive to room and line noise, 
hybrid amplifiers for interfacing to Tip and Ring, the 
microphone amplifier, and other associated functions. 
Please refer to the Block Diagram (Figure 2) when read- 
ing the following sections. 


ATTENUATORS 

The transmit and receive attenuators are comple- 
mentary in function, i.e., when one is at maximum gain 
(+ 6.0 dB), the other is at maximum attenuation (— 46 
dB), and vice versa. They are never both fully on or both 
fully off. The sum of their gains remains constant (within 
a nominal error band of +0.1 dB) at a typical value of 
— 40 dB (see Figure 10). Their purpose is to control the 
transmit and receive paths to provide the half-duplex 
operation required in a speakerphone. 

The attenuators are non-inverting, and have a —3.0 
dB (from max gain) frequency of ~100 kHz. The input 
impedance of each attenuator (TXI and RXI) is nominally 
10 kQ (see Figure 3), and the input signal should be 
limited to 350 mVrms (990 mVp-p) to prevent distortion. 
That maximum recommended input signal is indepen- 
dent of the volume control setting. The diode clamp on 


the inputs limits the input swing, and therefore the max- 
imum negative output swing. This is the reason for 
VRXOL and VTXOL specification being defined as they 
are in the Electrical Characteristics. The output imped- 
ance is <10 2 until the output current limit (typically 
2.5 mA) is reached. — 


FIGURE 3 — ATTENUATOR INPUT STAGE 


VB 


10 k 
To Attenuator 


TI 
4.0 k 96 k Input 


(RX) 


The attenuators are controlled by the single output of 
the Control Block, which is measurable at the CT pin 
(Pin 14). When the CT pin is at +240 millivolts with 
respect to Vp, the circuit is in the receive mode (receive 
attenuator is at + 6.0 dB). When the CT pin is at — 240 
millivolts with respect to Vg, the circuit is in the transmit 
mode (transmit attenuator is at +6.0 dB). The circuit is 
in an idle mode when the CT voltage is equal to Vg, 
causing the attenuators’ gains to be halfway between 
their fully on and fully off positions (— 20 dB each). Mon- 
itoring the Cy voltage (with respect to Vp) is the most 
direct method of monitoring the circuit’s mode. 

The inputs to the Control Block are seven: 2 from the 
comparators operated by the level detectors, 2 from the 
background noise monitors, the volume control, the 
dial-tone detector, and the AGC circuit. These seven 
inputs are described below. 


LEVEL DETECTORS 

There are four level detectors — two on the receive 
side and two on the transmit side. Refer to Figure 4 — 
the terms in parentheses form one system, and the 
other terms form the second system. Each level detector 
is a high gain amplifier with back-to-back diodes in the 
feedback path, resulting in non-linear gain, which per- 
mits operation over a wide dynamic range of speech 
levels. Refer to the graphs of Figures 11, 12 and 13 for 
their dc and ac transfer characteristics. The sensitivity 
of each level detector is determined by the external 
resistor and capacitor at each input (TLI1, TLI2, RLI1, 
and RLI2). Each output charges an external capacitor 
through a diode and limiting resistor, thus providing a 
dc representation of the input ac signal level. The out- 
puts have a quick rise time (determined by the capacitor 
and an internal 350 (2 resistor), and a slow decay time 
set by an internal current source and the capacitor. The 
capacitors on the four outputs should have the same 
value (+ 10%) to prevent timing problems. 

Referring to Figure 2, on the receive side, one level 
detector (RLI1) is at the receive input receiving the same 


eT 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-371 


MC34118 


_ FIGURE 4 — LEVEL DETECTORS 


Level Detector i 
en i eae 
(TLI2) 4 dr SRoh L 
5.1kKS VB ee ae on - 
; RLO1 
Signal LJ | 
PD ae (Loz Ly OF 


350 0 
TLI1 eS 
(RLI2) haart 
TLO1 
L._ 1 (RLO2) £| Duc 1 
2.0 pF C=" 


signal as at Tip and Ring, and the other (RLI2) is at the 
output of the speaker amplifier. On the transmit side, 
one level detector (TLI2) is at the output of the micro- 
phone amplifier, while the other (TLI1) is at the hybrid 
output. Outputs RLO1 and TLO1 feed a comparator, the 
output of which goes to the Attenuator Control Block. 
Likewise, outputs RLO2 and TLO2 feed a second com- 
parator which also goes to the Attenuator Control Block. 
The truth table for the effects of the level detectors on 
the Control Block is given in the section describing the 
Control Block. | 


BACKGROUND NOISE MONITORS 

The purpose of the background noise monitors is to 
distinguish speech (which consists of bursts) from back- 
ground noise (a relatively constant signal level). There 
are two background noise monitors — one for the 
receive path and one for the transmit path. Referring to 
Figure 4, the receive background noise monitor is oper- 
ated on by the RLI1-RLO1 level detector, while the trans- 
mit background noise monitor is operated on by the 
TLI2-TLO2 level detector. They monitor the background 
noise by storing a dc voltage representative of the 
respective noise levels in capacitors at CPR and CPT. 
The voltages at these pins have slow rise times (deter- 
mined by the external RC), but fast decay times. If the 
signal at RLI1 (or TLI2) changes slowly, the voltage at 


CPR (or CPT) will remain more positive than the voltage. 


at the non-inverting input of the monitor’s output com- 
parator. When speech is present, the voltage on the non- 
inverting input of the comparator will rise quicker than 
the voltage at the inverting input (due to the burst char- 
acteristic of speech), causing its output to change. This 
output is sensed by the Attenuator Control Block. 

The 36 mV offset at the comparator’s input keeps the 
comparator from changing state unless the speech level 


ee — 7 CPR 
|  Backeraund . gel 100 k Vc 
| Noise Monitor . C 
a ane 
rm i 47 uF 
| rate 36 mV 
| 56 k J | 
oS he ee Lad 
33k 6 
Boy 
ca — 
(C3) To Attenuator | 
| cz) Control Block | 
| (C1) l 
HES 2120) 210) ) Sn er 


Note: External component values are 
application dependent. 


exceeds the background noise by ~4.0 dB. The time 
constant of the external RC (~4.7 seconds) determines 
the response time to background noise variations. 


VOLUME CONTROL. 

The volume control input at VLC (Pin 13) is sensed as 
a voltage with respect to Vg. The volume control affects 
the attenuators only in the receive mode. It has no effect 
in the idle or transmit modes. 

When in the receive mode, the gain of the receive 
attenuator will be +6.0 dB, and the gain of the transmit 
attenuator will be —46 dB only when VLC is equal to 
Vp. As VLC is reduced below Vg, the gain of the receive 
attenuator is reduced (see Figure 14), and the gain of 
the transmit attenuator is increased such that their sum 
remains constant. Changing the voltage at VLC changes 
the voltage at C7 (see the Attenuator Control Block sec- 
tion), which in turn controls the attenuators. 

The volume control setting does not affect the max- 
imum attenuator input signal at which noticeable dis- 
tortion occurs. 

The bias current at VLC is typically 60 nA out of the 
pin, and does not vary significantly with the VLC voltage — 
or with Vcc. 


DIAL TONE DETECTOR 

The dial tone detector is a comparator with. one side 
connected to the receive input (RXI) and the other input 
connected to Vg with a 15 mV offset (see Figure 5). If 
the circuit is in the receive mode, and the incoming 
signal is greater than 15 mV (10 mVrms), the compar- 
ator’s output will change, disabling the receive idle 
mode. The receive attenuator will then be at a setting 
determined solely by the volume control. 

The purpose of this circuit is to prevent the dial tone 
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(which would be considered as continuous noise) from 
fading away as the circuit would have the tendency to 
switch to the idle mode. By disabling the receive idle 
mode, the dial tone remains at the normally expected 
full level. 


FIGURE 5 — DIAL TONE DETECTOR 
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AGC 

The AGC circuit affects the circuit only in the receive 
mode, and only when the supply voltage (Vcc) is less 
than 3.5 volts. As Vcc falls below 3.5 volts, the gain of 
the receive attenuator is reduced according to the graph 
of Figure 15. The transmit path attenuation changes 
such that the sum of the transmit and receive gains 
remains constant. 

The purpose of this feature is to reduce the power 
(and current) used by the speaker when a line-powered 
speakerphone is connected to a long line, where the 
available power is limited. By reducing the speaker 
power, the voltage sag at Vcc is controlled, preventing 
possible erratic operation. 


ATTENUATOR CONTROL BLOCK 
The Attenuator Control Block has the seven inputs 
described above: 


The output of the comparator operated by RLO2 and 
TLO2 (microphone/speaker side) — designated C1. 
The output of the comparator operated by RLO1 and 
TLO1 (Tip/Ring side) — designated C2. 

The output of the transmit background noise mon- 
itor — designated C3. 

The output of the receive background noise monitor 
— designated C4. 

The volume control. 

The dial tone detector. 

The AGC circuit. 

The single output of the Control Block controls the two 
attenuators. The effect of C1-C4 is as follows: 


Output 
C4 Mode 


Transmit 
Fast Idle 
Fast Idie 


Receive 

Slow Idle 
Slow Idle 
Slow Idle 
Slow Idle 


X = Don't Care; y = C3 and C4 are not both 0. 


A definition of the above terms: 

1) “Transmit’’ means the transmit attenuator is fully on (+ 6.0 dB), 

and the receive attenuator is at max. attenuation (— 46 dB). 

2) “‘Receive’’ means both attenuators are controlled by the volume 
control. At max. volume, the receive attenuator is fully on (+6.0 
dB), and the transmit attenuator is at max. attenuation (— 46 dB). 
“Fast Idle’” means both transmit and receive speech are present 
in approximately equal levels. The attenuators are quickly 
switched (30 ms) to idle until one speech level dominates the other. 
“Slow Idie’’ means speech has ceased in both transmit and receive 
paths. The attenuators are then slowly switched (1 second) to the 
idle mode. 

Switching to the full transmit or receive modes trom any other 
mode is at the fast rate (~30 ms). 


3 


— 


4 


— 


5 


~— 


A summary of the truth table is as follows: 

1) The circuit will switch to transmit if: a) both trans- 
mit level detectors sense higher signal levels relative to 
the respective receive level detectors (TLI1 versus RLI1, 
TLI2 versus RLI2), and b) the transmit background noise 
monitor indicates the presence of speech. 

2) The circuit will switch to receive if: a) both receive 
level detectors sense higher signal levels relative to the 
respective transmit level detectors, and b) the receive 
background noise monitor indicates the presence of 
speech. 

3) The circuit will switch to the fast idle mode if the 
level detectors disagree on the relative strengths of the 
signal levels, and at least one of the background noise 
monitors indicates speech. For example, referring to the 
Block Diagram (Figure 2), if there is sufficient signal at 
the microphone amp output (TLI2) to override the 
speaker signal (RLI2), and there is sufficient signal at 
the receive input (RLI1) to override the signal at the 
hybrid output (TLI1), and either or both background 
monitors indicate speech, then the circuit will be in the 
fast idle mode. Two conditions which can cause the fast 
idle mode to occur are a) when both talkers are attempt- 
ing to gain control of the system by talking at the same 
time, and b) when one talker is in a very noisy environ- 
ment, forcing the other talker to continually override 
that noise level. In general, the fast idle mode will occur 
infrequently. 

4) The circuit will switch to the slow idle mode when 
a) both talkers are quiet (no speech present), or b) when 
one talker’s speech level is continuously overriden by 
noise at the other speaker's location. 


The time required to switch the circuit between trans- 
mit, receive, fast idle and slow idle is determined in part 
by the components at the CT pin (Pin 14). (See the sec- 
tion on Switching Times for a more complete expla- 
nation of the switching time components.) A schematic 
of the CT circuitry is shown in Figure 6, and operates 
as follows: 


— RT is typically 120 kQ, and Cr is typically 5.0 uF. 

— To switch to the receive mode, 11 is turned on (I9 is 
off), charging the external capacitor to +240 mV 
above Vp. (An internal clamp prevents further charg- 
ing of the capacitor.) 

— To switch to the transmit mode, |9 is turned on (Iq 
is off) bringing down the voltage on the capacitor to 
—240 mV with respect to Vp. 
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— To switch to idle quickly (fast idle), the current 
sources are turned off, and the internal 2.0 kQ resis- 
tor is switched in, discharging the capacitor to Vp 
with a time constant = 2.0 k x Cr. 

To switch to idle slowly (slow idle), the current 
sources are turned off, the switch at the 2.0 kQ resis- 
tor is open, and the capacitor discharges to Vp 
through the external resistor RT with a time constant 
= RTx Cr. 


FIGURE 6 — CT ATTENUATOR CONTROL BLOCK CIRCUIT 
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MICROPHONE AMPLIFIER 

The microphone amplifier (Pins 10, 11) has the non- 
inverting input internally connected to Vp, while the 
inverting input and the output are pinned out. Unlike 
most op-amps, the amplifier has an all-NPN output 
stage, which maximizes phase margin and gain- 
bandwidth. This feature ensures stability at gains less 
than unity, as well as with a wide range of reactive loads. 
The open loop gain is typically 80 dB (f <100 Hz), and 
the gain-bandwidth is typically 1.0 MHz (See Figure 16). 
The maximum p-p output swing is typically 1.0 volt less 
than Vcc with an output impedance of <10 2 until cur- 
rent limiting is reached (typically 1.5 mA). Input bias 
current at MCI is typically 40 nA out of the pin. 


FIGURE 7 — MICROPHONE AMPLIFIER AND MUTE 


The muting function (Pin 12), when activated, will 
reduce the gain of the amplifier to ~ — 39 dB (with RMI 
= 5.1 kQ) by shorting the output to the inverting input 
(see Figure 7). The mute input has a threshold of ~1.5 
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volts, and the voltage at this pin must be kept within 
the range of ground and Vcc (see Figure 17). If the mute 
function is not used, the pin should be grounded. 


HYBRID AMPLIFIERS 

The two hybrid amplifiers (at HTO+, HTO—, and HT), 
in conjunction with an external transformer, provide the 
two-to-four wire converter for interfacing to the tele- 
phone line. The gain of the first amplifier (HTI to HTO — ) 
is set by external resistors (gain = —RyF/RH| in Figure 
2), and its output drives the second amplifier, the gain 
of which is internally set at — 1.0. Unlike most op-amps, 
the amplifiers have an all-NPN output stage, which max- 
imizes phase margin and gain-bandwidth. This feature 
ensures stability at gains less than unity, as well as with 
a wide range of reactive loads. The open loop gain of 
the first amplifier is typically 80 dB, and the gain 
bandwidth of each amplifier is ~1.0 MHz (see Figure 
16). The maximum p-p output swing of each amplifier 
is typically 1.2 volts less than Vcc with an output imped- 
ance of <10 2 until current limiting is reached (typically 
8.0 mA). The output current capability is guaranteed to 
be a minimum of 5.0 mA. The bias current at HTI is 
typically 30 nA out of the pin. 

The connections to the coupling transformer are 
shown in the Block Diagram (Figure 2). The block 
labeled ZBal is the balancing network necessary to 
match the line impedance. 


FILTER 

The operation of the filter circuit is determined by the 
external components. The circuit within the MC34118, 
from pins Fl to FO is a buffer with a high input imped- 
ance (>1.0 MQ), and a low output impedance (<50 1). 
The configuration of the external components deter- 
mines whether the circuit is a high-pass filter (as shown 
in Figure 2), a low-pass filter, or a band-pass filter. 

As a high pass filter, with the components shown in 
Figure 8, the filter will keep out 60 Hz (and 120 Hz) hum 
which can be picked up by the external telephone lines. 


FIGURE 8 — HIGH PASS FILTER 
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As a low pass filter (Figure 9), it can be used to roll off 
the high end frequencies in the receive circuit, which 
aids in protecting against acoustic feedback problems. 
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With an appropriate choice of an input coupling capac- 
itor to the low pass filter, a band pass filter is formed. 


FIGURE 9 — LOW PASS FILTER 
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POWER SUPPLY, Vp, AND CHIP DISABLE 

The power supply voltage at Vcc (Pin 4) is to be 
between 3.5 and 6.5 volts for normal operation, with 
reduced operation possible down to 2.8 volts (see Fig- 
ure 15 and the AGC section). The power supply current 
is shown in Figure 18 for both the power-up and power- 
down mode. 


FIGURE 10 — ATTENUATOR GAIN versus Vcrt (PIN 14) 
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The output voltage at Vp (Pin 15) is ~(Vcc — 0.7)/2, 
and provides the ac ground for the system. The output 
impedance at Vp is ~400 © (see Figure 19), and in con- 
junction with the external capacitor at Vp, forms a low 
pass filter for power supply rejection. Figure 20 indi- 
cates the amount of rejection with different capacitors. 
The choice of capacitor is application dependent based 
on whether the circuit is powered by the telephone line 
or a power supply. 

Since Vg biases the microphone and hybrid ampli- 
fiers, the amount of supply rejection at their outputs is 
directly related to the rejection at Vp, as well as their 
respective gains. Figure 21 depicts this graphically. 

The Chip Disable (Pin 3) permits powering down the 
IC to conserve power and/or for muting purposes. With 
CD <0.8 volts, normal operation is in effect. With CD 
22.0 volts and <Vcc, the IC is powered down. In the 
powered down mode, the microphone and the hybrid 
amplifiers are disabled, and their outputs go to a high 
impedance state. Additionally, the bias is removed from 
the level detectors. The bias is not removed from the 
filter (Pins 1, 2), the attenuators (Pins 8, 9, 21, 22), or 
from Pins 13, 14, and 15 (the attenuators are disabled, 
however, and will not pass a signal). The input imped- 
ance at CD is typically 90 kQ, has a threshold of ~1.5 
volts, and the voltage at this pin must be kept within 
the range of ground and Vcc (see Figure 17). If CD is 
not used, the pin should be grounded. 


FIGURE 11 — LEVEL DETECTOR DC TRANSFER 
CHARACTERISTICS 
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FIGURE 12 — LEVEL DETECTOR AC TRANSFER 
CHARACTERISTICS 
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FIGURE 14 — RECEIVE ATTENUATOR versus VOLUME 
CONTROL 
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FIGURE 16 — MICROPHONE AMPLIFIER AND 1ST HYBRID 
AMPLIFIER OPEN LOOP GAIN AND PHASE 
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FIGURE 13 — LEVEL DETECTOR AC TRANSFER 
CHARACTERISTICS versus FREQUENCY 
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FIGURE 15 — RECEIVE ATTENUATION GAIN versus Vcc 
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FIGURE 18 — SUPPLY CURRENT versus SUPPLY VOLTAGE FIGURE 19 — Vg OUTPUT CHARACTERISTICS 
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FREQUENCY AND Vp CAPACITOR MICROPHONE AND HYBRID AMPLIFIERS 
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FIGURE 22 — TYPICAL OUTPUT SWING versus Vcc 
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DESIGN GUIDELINES 


SWITCHING TIME 

The switching time of the MC34118 circuit is domi- 
nated by the components at C7 (Pin 14, refer to Figure 
6), and secondarily by the capacitors at the level detec- 
tor outputs (RLO1, RLO2, TLO1, TLO2). 

The time to switch to receive or to transmit from idle 
is determined by the capacitor at C7, together with the 
internal current sources (refer to Figure 6). The switch- 
ing time is: 


_ AVxCry 


AT , 


For the typical case where AV = 240 mV, 1! = 60 pA, 
and Cy is 5.0 wF, AT = 20 ms. If the circuit switches 
directly from receive to transmit (or vice-versa), the total 
switching time would be 40 ms. 

The switching time from either receive or transmit to 
idle depends. on which type of idle mode is in effect. If 
the circuit is going to ‘‘fast idle,” the time constant is 
determined by the Cy capacitor, and the internal 2.0 kO 
resistor (Figure 6). With Cy = 5.0 uF, the time constant 
is ~10 ms, giving a switching time to idle of ~30 ms 
(for 95% change). Fast idle is an infrequent occurrence, 
however, occurring when both speakers are talking and 
competing for control of the circuit. The switching time 
from idle back to either transmit or receive is described 
above. oo. te 

_If the circuit is switching to “slow idle,” the time con- 
stant is determined by the C7 capacitor and RT, the 
external resistor (see Figure 6). With C7 = 5.0 uF, and 
RT = 120 kQ, the time constant is ~600 ms, giving a 
switching time of ~1.8 seconds (for 95% change). The 
switching period to slow idle begins when both speak- 
ers have stopped talking. The switching time back to 
the original mode will depend on how soon that speaker 
begins speaking again. The sooner the speaking starts 
during the 1.8 second period, the quicker the switching 
time since a smaller voltage excursion is required. That 
switching time is determined by the internal current 
sources as described above. 

The above switching times occur, however, after the 
level detectors have detected the appropriate signal lev- 
els, since their outputs operate the Attenuator Control 
Block. Referring to Figure 4, the rise time of the level 
detectors’ outputs to new speech is quick by compari- 


son (~1.0 ms), determined by the internal 350 0 resistor - 


and the external capacitor (typically 2.0 «F). The out- 
put’s decay time is determined by the external capacitor, 
and an internal 4.0 uA current source giving a decay 
rate of ~60 ms for a 120 mV excursion at RLO or TLO. 
However, the overall response time of the circuit is not 
a constant since it depends on the relative strength of 
the signals at the different level detectors, as well as 
the timing of the signals with respect to each other. The 
capacitors at the four outputs (RLO1, RLO2, TLO1, TLO2) 
must be equal value (+10%) to prevent problems in 
timing and level response. 


The rise time of the level detector’s outputs is not 
significant since it is so short. The decay time, however, 
provides a significant part of the ‘hold time” necessary 
to hold the circuit during the normal pauses in speech. 

The components at the inputs of the level detectors 
(RLI1, RLI2, TLI1, TLI2) do not affect the switching time, 
but rather affect the relative signal levels required to 
switch the circuit, as well as the frequency response of 
the detectors. 


DESIGN EQUATIONS 


Referring to Figure 24 (the coupling capacitors have 
been omitted for simplicity), and the circuit of Figure 
23,the following definitions will be used (all measure- 
ments are at 1.0 kHz): 


— Gma is the gain of the microphone amplifier mea- 
sured from the microphone output to TXI (typically 
35 V/V, or 31 dB); 

GT x is the gain of the transmit attenuator, measured 
from TXI to TXO; | 

GHA Is the gain of hybrid amplifiers, measured from 
TXO to the HTO—/HTO+ differential output (typi- 
cally 10.2 V/V, or 20.1 dB); 

Gut is the gain from HTO—/HTO+ to Tip/Ring for 
transmit signals, and includes the balance network 
(measured at 0.4 V/V, or —8.0 dB); 

GsT is the sidetone gain, measured from HTO—/ 
HTO+ to the filter input (measured at 0.18 V/V, or 
— 15 dB); | 

Gyp is the gain from Tip/Ring to the filter input for 
receive signals (measured at 0.833 V/V or — 1.6 dB); 
Gro is the gain of the filter stage, measured from 
the input of the filter to RXI, typically 0 dB at 1.0 kHz; 
GpRx is the gain of the receive attenuator measured 
from RXI to RXO; 

Gsa is the gain of the speaker amplifier, measured 
from RXO to the differential output of the MC34119 
(typically 22 V/V or 26.8 dB); 

Gac is the acoustic coupling, measured from the 
speaker differential voltage to the microphone out- 
put voltage. 


1) Transmit Gain 


The transmit gain, from the microphone output (Vjy) 
to Tip and Ring, is determined by the output charac- 
teristics of the microphone, and the desired transmit 
level. For example, a typical electret microphone will 
produce ~0.35 mVrms under normal speech conditions. 
To achieve 100 mVrms at Tip/Ring, an overall gain of 
285 V/V is necessary. The gain of the transmit attenuator 
is fixed at 2.0 (+ 6.0 dB), and the gain through the hybrid 
of Figure 23 (GWT) is nominally 0.4 (— 8.0 dB). Therefore 
a gain of 357 V/V is required of the microphone and 
hybrid amplifiers. It is desirable to have the majority of 
that gain in the microphone amplifier for three reasons: 
1) the low level signals from the microphone should be 
amplified as soon as possible to minimize signal/noise 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-378 


6LE-C 


VIVG S0IARd SNOLLVOINNWNOOATSL VIOHOLOW 


FIGURE 23 — MC34118 APPLICATION CIRCUIT 
(BASIC LINE POWERED SPEAKERPHONE) 
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1) These two resistors depend on the specific microphone selected. 

2) Component values shown are recommendations only, and will vary in 
different applications. 

3) This capacitor must be physically adjacent to Pin 4 of the MC34118. 

4) BNM = Background Noise Monitor; DTD = Dial Tone Detector. 

5) Recommended transformer: Stancor TTPC-13, Microtran T5115. 

6) Capacitor values are in uF unless otherwise noted. 
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FIGURE 24 — BASIC BLOCK DIAGRAM FOR DESIGN PURPOSES 
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problems; 2) to provide a reasonable signal level to the 
TLI2 level detector; and 3) to minimize any gain applied 
to broadband noise generated within the attenuator. 
However, to cover the normal voiceband, the micro- 
phone amplifier’s gain should not exceed 48 dB (see 
Figure 16). For the circuit of Figure 23, the gain of the 
microphone amplifier was set at 35 V/V (31 dB), and the 
differential gain of the hybrid amplifiers was set at 10.2 
V/V (20.1 dB). 


Il) Receive Gain 

The overall receive gain depends on the incoming 
signal level, and the desired output power at the 
speaker. Nominal receive levels (independent of the 
peaks) at Tip/Ring can be 35 mVrms (-—27:.dBm), 
although on long lines that level can be down to 8.0 
mVrms (—40 dBm). The speaker power is: 
10dBm/10 x 0.6 

Rs 

where Rs is the speaker impedance, and the dBm term 
is the incoming signal level increased by the gain of the 
receive path. Experience has shown that ~30 dB gain 
is a satisfactory amount for the majority of applications. 
Using the above numbers and Equation 1, it would 
appear that the resulting power to the speaker is 
extremely low. However, Equation 1 does not consider 
the peaks in normal speech, which can be 10 to 15 times 
the rms value. Considering the peaks, the overall aver- 
age power approaches 20-30 mW on long lines, and 
much more on short lines. 

Referring to Figure 23, the gain from Tip/Ring to the 
filter input was measured at 0.833 V/V (—1.6 dB), the 


PSPK = (Equation 1) 


Tx Attenuator 


Filter 


Rx Attenuator 


filter's gain is unity, and the receive attenuator’s gain is 
2.0 V/V (+6.0 dB) at maximum volume. The speaker 
amplifier’s gain is set at 22 V/V (26.8 dB), which puts 
the overall gain at ~31.2 dB. 


lit) Loop Gain 

The total loop gain (of Figure 24) must add up to less 
than zero dB to obtain a stable circuit. This can be 
expressed as: 


GMA + GTx + GHA + GsT + GFo + GRx + GSA + 
Gac <0 (Equation 2) 


Using the typical numbers mentioned above, and know- 
ing that G7x + GrRx = —40 dB, the required acoustic 
coupling can be determined: 


Gac < —[31 + 20.1 + (—15) + 0 + (—40) + 26.8] = 
— 22.9 dB. . (Equation 3) 


An acoustic loss of at least 23 dB is necessary to prevent 
instability and oscillations, commonly referred to as 
“singing.” However, the following equations show that 


greater acoustic loss is necessary to obtain proper level 
‘detection and switching. 


IV) Switching Thresholds 
To switch comparator C1, currents |; and I3 need to 


‘be determined. Referring to Figure 24, with a receive 


signal V_ applied to Tip/Ring, a current I3 will flow 
through R3 into RLI2 according to the following 
equation: 


VL 


R3 (Equation 4) 


Iz = | Gun x GFo x GRx x $A 
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where the terms in the brackets are the V/V gain terms.. 
The speaker amplifier gain is divided by two since Goa 
is the differential gain of the amplifier, and V3 is 
obtained from one side of that output. The current !4, 
coming from the microphone circuit, is defined by: 


= VM xX GMA 


RI (Equation 5) 


where Viy is the microphone voltage. Since the switch- 
ing threshold occurs when !7 = !3, combining the above 
two equations yields: 


R1 [GHR x Gro x GRx x Gsal 
Va = Vx OE ee ee 
M = "L* R3 Gma x 2 


(Equation 6) 


This is the general equation defining the microphone 
voltage necessary to switch comparator C1 when a 
receive signal Vi is present. The highest Vpy occurs 
when the receive attenuator is at maximum gain (+6.0 
dB). Using the typical numbers for Equation 6 yields: 


VM = 0.52 Vi (Equation 7) 


To switch comparator C2, currents lz and lq need to 
be determined. With sound applied to the microphone, 
a voltage Vjy is created by the microphone, resulting 
in a current lo into TLI1: 


GHA 


V 
lg = rt | Sma x GTX x SHA (Equation 8) 


Since GyHa is the differential gain of the hybrid ampli- 
fiers, it is divided by two to obtain the voltage V2 applied 


to R2. Comparator C2 switches when lq = lI. Iq is 
defined by: 

VL | 
Ig = RA [IGHR xX Gro] (Equation 9) 


Setting 14 = lg, and combining the above equations 
results in: 


R4 | (GMA x GTX x GHal 
[Gur x GFo x 2] 
(Equation 10) 


This equation defines the line voltage at Tip/Ring nec- 
essary to switch comparator C2 in the presence of a 
microphone voltage. The highest Vi occurs when the 
circuit is in the transmit mode (GTx = +6.0 dB). Using 
the typical numbers for Equation 10 yields: 


VE = 840 Vy (or Vm = 0.0019 V_,) (Equation 11) 

At idle, where the gain of the two attenuators is 
— 20 dB (0.1 V/V), Equations 6 and 10 yield the same 
result: 


VM = 0.024 VL (Equation 12) 


Equations 7, 11, and 12 define the thresholds for switch- 
ing, and are represented in the following graph: 


FIGURE 25 — SWITCHING THRESHOLDS 
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The ““M” terms are the slopes of the lines (0.52, 0.024, 
and 0.0019) which are the coefficients of the three equa- 
tions. The Mr x line represents the receive to transmit 
threshold in that it defines the microphone signal level 
necessary to switch to transmit in the presence of a 
given receive signal level. The Mt x line represents the 
transmit to receive threshold. The Mj line represents the 
idle condition, and defines the threshold level on one 
side (transmit or receive) necessary to overcome noise 
on the other. 

Some comments on the above graph: 

— Acoustic coupling and sidetone coupling were not 
included in Equations 7 and 12. Those couplings will 
affect the actual performance of the final speakerphone 
due to their interaction with speech at the microphone, 
and the receive signal coming in at Tip/Ring. The effects 
of those couplings are difficult to predict due to their 
associated phase shifts and frequency response. In 
some cases the coupling signal will add, and other times 
subtract from the incoming signal. The physical design 
of the speakerphone enclosure, as well as the specific 
phone line to which it is connected, will affect the acous- 
tic and sidetone couplings, respectively. 

— The Mr x line helps define the maximum acoustic 
coupling allowed in a system, which can be found from 
the following equation: 


R1 


2x R3 x GMa (Equation 13) 


GAC-MAX = 
Equation 13 is independent of the volume control set- 
ting. Conversely, the acoustic coupling of a designed 
system helps determine. the minimum slope of that line. 
Using the component values of Figure 23 in Equation 
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13 yields a GAC-MAX Of — 37 dB. Experience has shown, 
however, that an acoustic coupling loss of >40 dB is 
desirable. 

— The MrT x line helps define the maximum sidetone 
coupling (GsT) allowed in the system, which can be 
found from the following equation: 


R4 


GsT = 2x R2x Gro (Equation 14) 


Using the component values of Figure 23 in Equation 
14 yields a maximum sidetone of 0 dB. Experience has 
shown, however, that a minimum of 6.0 dB loss is 
preferable. 

The above equations can be used to determine the 
resistor values for the level detector inputs. Equation 6 
can be used to determine the R1/R3 ratio, and Equation 
10 can be used to determine the R4/R2 ratio. In Figure 
24, R1-R4 each represent the combined impedance of 
the resistor and coupling capacitor at each level detector 
input. The magnitude of each RC’s impedance should 
be kept within the range of 2.0 k-15 kf in the voiceband 
(due to the typical signal levels present) to obtain the 
best performance from the level detectors. The specific 
R and C at each location will determine the frequency 
response of that level detector. 


APPLICATION INFORMATION 


DIAL TONE DETECTOR 

The threshold for the dial tone detector is internally 
set at 15 mV (10 mVrms) below Vp (see Figure 5). That 
threshold can be reduced by connecting a resistor from 
RXI| to ground. The resistor value is calculated from: 


VB 
R= — — 
10 | 8 i 


where Vg is the voltage at Pin 15, and AV is the amount 
of threshold reduction. By connecting a resistor from 


Vcc to RXI, the threshold can be increased. The resistor 


value is calculated from: 


Vcc — VB 
R= 10k | —““—# — 
ox | Yoo — 


| 
where AV is the amount of the threshold increase. | 


BACKGROUND NOISE MONITORS 

For testing or circuit analysis purposes, the transmit 
or receive attenuators can be set to the “on” position, 
by disabling the background noise monitors, and apply- 
ing a signal so as to activate the level detectors. Ground- 
ing the CPR pin will disable the receive background 
noise monitor, thereby indicating the ‘‘presence of 
spéech” to the attenuator control block. Grounding CPT 
does the same for the transmit path. 

Additionally, the receive background noise monitor is 
automatically disabled by the dial tone detector wheh- 
ever the receive signal exceeds the detector’s threshold. 


TRANSMIT/RECEIVE DETECTION PRIORITY 
Although the MC34118 was designed to have an idle 
mode such that the attenuators are halfway between 


GAIN (dB) 


their full on and full off positions, the idle mode can be 
biased towards the transmit or the receive side. With 
this done, gaining control of the circuit from idle will 
be easier for that side towards which it is biased since 
that path will have less attenuation at idle. 

By connecting a resistor from CT (Pin 14) to ground, 
the circuit will be biased towards the transmit side. The 
resistor value is calculated from: 


V 
ee 


where R is the added resistor, RT is the resistor normally 
between Pins 14 and 15 (typically 120 kQ), and AV is 
the difference between Vg and the voltage at Cry at idle 
(refer to Figure 10). 

By connecting a resistor from CT (Pin 14) to Vcc, the 
circuit will be biased towards the receive side. The resis- 
tor value is calculated from: 


R= Rr [MCC — VB _ | 


AV 
R, Ry, and AV are the same as above. Switching time 
will be somewhat affected in each case due to the dif- 
ferent voltage excursions required to get to transmit and 
receive from idle. For practical considerations, the AV 
shift should not exceed 100 mV. 


VOLUME CONTROL . 

lf a potentiometer with a standard linear taper is used 
for the volume control, the graph of Figure 14 indicates 
that the receive gain will not vary in a linear manner 
with respect to the pot’s position. In situations where 
this may be objectionable, a potentiometer with an 
audio taper (commonly used in radio volume controls) 
will provide a more linear relationship as indicated in 
Figure 26. The slight non-linearity at each end of the 
graph is due to the physical construction of the poten- 
tiometer, and will vary among different manufacturers. 


FIGURE 26 — RECEIVE ATTENUATOR GAIN versus 
POTENTIOMETER POSITION USING AUDIO TAPER 
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APPLICATION CIRCUIT 
The circuit of Figure 23 is a basic speakerphone, to 
be used in parallel with any other telephone which con- 
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tains the ringer, dialer, and handset functions. The cir- 
cuit is powered entirely by the telephone line’s loop 
current, and its characteristics are shown in Figures 
27-30. 


FIGURE 27 — DC V-I CHARACTERISTICS 
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FIGURE 28 — AC TERMINATION IMPEDANCE 
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FIGURE 29 — TRANSMIT GAIN — MICROPHONE TO TIP/RING 
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FIGURE 30 — RECEIVE GAIN 
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Figure 31 shows how the same circuit can be confi- 
gured to be powered from a 3.5-6.0 volt power supply 
rather than the phone line. 


FIGURE 31 — OPERATING FROM A POWER SUPPLY 
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ADDING A DIALER 

Figure 32 shows the addition of a dialer to the circuit 
of Figure 23, with the additional components shown in 
bold. The MC145412 pulse/tone dialer is shown confi- 
gured for DTMF operation. The DTMF output (Pin 18) is 
fed to the hybrid amplifiers at HTI, and the DTMF levels 
at Tip/Ring are adjusted by varying the 39 k) resistor. 
The Mute Output (active low at Pin 11) mutes the micro- 
phone amplifier, and attenuates the DTMF signals in the 
receive path (by means of the 10 k/3.0 k divider). The 
MC34118 is forced into the fast idle mode during dialing. 
The 3.0 volt battery provides for memory retention of 
the dialer’s 10 number storage when the circuit is 
unpowered. 


RFI INTERFERENCE 

Potential radio frequency interference problems 
should be addressed early in the electrical and mechan- 
ical design of the speakerphone. RFI may enter the cir- 
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cuit through Tip and Ring, through the microphone wir- 
ing to the microphone amplifier, or through any of the 
PC board traces. The most sensitive pins on the 
MC34118 are the inputs to the level detectors (RLI1, 
RLI2, TLI1, TLI2) since, when there is no speech present, 
the inputs are high impedance and these op amps are 
in a near open loop condition. The board traces to these 
pins should be kept short, and the resistor and capacitor 
for each of these pins should be physically close to the 
pins. Any other high impedance input pin (MCI, HTI, FI, 
VLC) should be considered sensitive to RFI signals. 


IN THE FINAL ANALYSIS ...- 

Proper operation of a speakerphone is a combination 
of proper mechanical (acoustic) design as well as proper 
electronic design. The acoustics of the enclosure must 
be considered early in the design of a speakerphone. In 
general, electronics cannot compensate for poor acous- 
tics, low speaker quality, or any combination of the two. 
Proper acoustic separation of the speaker and micro- 
phone, as described in the Design Equations, is essen- 
tial. The physical location of the microphone, along with 
the characteristics of the selected microphone, will play 
a large role in the quality of the transmitted sound. The 
microphone and speaker vendors can usually provide 
additional information on the use of their.products. 

In the final analysis, the circuits shown in this data 
sheet will have to be “fine tuned’’ to match the acoustics 
of the enclosure, the specific hybrid, and the specific 
microphone and speaker selected. The component val- 
ues shown in this data sheet should be considered as 
starting points only. The gains of the transmit and 
receive paths are easily adjusted at the microphone and 
speaker amplifiers, respectively. The switching 


response can then be fine tuned by varying (in small 
steps) the components at the level detector inputs until 
satisfactory operation is obtained for both long and 
short lines. 


SUGGESTED VENDORS 


Microphones 
Primo Microphones Inc. 
Bensenville, IL 60106 
312-595-1022 
Model EM-60 


~ Hosiden America Corp. 
Elk Grove Village, IL 60007 
312-981-1144 
Model KUC2123 

25 © Speakers 
Panasonic Industrial Co. 
Seacaucus, N.J. 07094 
201-348-5233 . 
Model EAS-45P19S 


Telecom Transformers 
Microtran Co., Inc. 
Valley Stream, N.Y. 11528 


MURA Corp. 
Westbury, N.Y. 11590 
516-935-3640 . 
Model EC-983-7 


Stancor Products 
Logansport, IN 46947 


516-561-6050 : 
Various models — ask for 
catalog and Application 


219-722-2244 
Various models — ask for 
catalog 


Bulletin F232 


PREM Magnetics, Inc. 
- McHenry, IL 60050 
— 815-385-2700 
Various models — ask 
for catalog 
Motorola Inc. does not endorse or warrant the 
suppliers referenced. 


Onan Power/Electronics 
Minneapolis, MN 55437 
612-921-5600 

Model TC 38-6 


FIGURE 32 — ADDING A DIALER TO THE SPEAKERPHONE 
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TECHNICAL DATA 


LOW POWER 
AUDIO AMPLIFIER 


Specifications and Applications 
Information 


LOW POWER AUDIO AMPLIFIER SILICON MONOLITHIC 
INTEGRATED CIRCUIT 


The MC34119 is a iow power audio amplifier integrated circuit 
intended (primarily) for telephone applications, such as in 
speakerphones. It provides differential speaker outputs to max- 
imize output swing at low supply voltages (2.0 volts minimum). 
Coupling capacitors to the speaker are not required. Open loop 
gain is 80 dB, and the closed loop gain is set with two external 
resistors. A Chip Disable pin permits powering down and/or 
muting the input signal. The MC34119 is available in a standard 
8-pin DIP or a surface mount package. 


e Wide Operating Supply Voltage Range (2-16 volts) — Allows 


Telephone Line Powered Applications 


@ Low Quiescent Supply Current (2.7 mA Typical) for Battery : 


Powered Applications P SUFFIX 
PLASTIC PACKAGE 


Chip Disable Input to Power Down the IC CASE 626-05 


Low Power-Down Quiescent Current (65 “A Typical) 
Drives a Wide Range of Speaker Loads (8 Ohms and Up) 
Output Power Exceeds 250 mW with 32 Ohm Speaker 
Low Total Harmonic Distortion (0.5% Typical) 

Gain Adjustable from <0 dB to >46 dB for Voice Band 1 mm 
Requires Few External Components 3 


D SUFFIX 
PLASTIC PACKAGE 
CASE 751-03 
$O0-8 


BLOCK DIAGRAM AND TYPICAL APPLICATION CIRCUIT 


Rf 
75 k 


PIN CONNECTIONS 


(Top View) 


ORDERING INFORMATION 
Temperature 
Range Package 


MC34119P Plastic DIP 
— 20°C to +70°C 
MC34119D Plastic SOIC 


x = Optional 


Differential Gain = 2 xz 
i 
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ABSOLUTE MAXIMUM RATINGS 


Devices should not be operated at these values. The “Recommended Operating Limits’’ provide 
for actual device operation. 


RECOMMENDED OPERATING LIMITS 


[toad impedence ——=Ss=~=<“~*~“~*~*~*~sCSa | 
[Peak woad Curent ————SSSSS~S~Ss = 
ad 
cos 


Differential Gain (5.0 kHz bandwidth) 
Voltage @ CD (Pin 1) 
Ambient Temperature 


ELECTRICAL CHARACTERISTICS (Ta = 25°C) 


[Chavactristos «Symbian Ut 


AMPLIFIERS (AC CHARACTERISTICS) 


AC Input Resistance (@ Vin) ee ee 
Sper Loop Gain (mpiner at | ano 1 Rael ee ee ee 


= 


(Vcc = 6.0 V, f = 1.0 kHz, RL = 32 9) 
Gain Bandwidth Product 


Output Power, Vcc = 3.0 V, RL = 169, THD <= 10% 
Vcc = 6.0 V, RE = 32.0, THD < 10% 
Vcc = 12 V, RL = 100 0, THD < 10% 


Total Harmonic Distortion (f = 1.0 kHz) 
(Vcc = 6.0 V, RL = 32 9, Poyt = 125 mW) 
(Vcc = 3.0 V, RL = 8.09, Poyt = 20 mW) 
(Vcc = 12 V, RL = 32 ©, Pout = 200 mW) 


Power Supply Rejection (Vcc = 6.0 V, AVcc = 3.0 V) 
(C1 = », C2 = 0.01 pF) 
(C1 = 0.1 wF, C2 = 0, f = 1.0 kHz) 

(C1 = 1.0 wF, C2 = 5.0 uF, f = 1.0 kHz) 


Output DC Level @ VO1, VO2, Vcc = 

(Rf = 75 k) Vcc = 6.0 V 
Vcc = 12 V 
Output High Level (lout = —75 mA, 2.0 V < Vcc < 16 V) 


Output Low Level (Ioyt = 75 mA, 2.0 V < Vcc < 16 V) | Vor | — | 
Output DC Offset Voltage (VO1-VO2) AVoO +30 mV 
(Vcc = 6.0 V, Re = 75 kQ, RL = 32 2) 


3.0 V, RL = 160 


[input Bias Current @ Vin Voc = 60V) ——S—S 
CHIP DISABLE (Pin 1) 
POWER SUPPLY 


Power Supply Current 
(Vcc = 3.0 V, RL = ~, CD = 0.8 V) 


(Vcc = 16 V, RL = ~, CD = 0.8 V) 
(Vcc = 3.0 V, RL = ~, CD = 2.0 V) 


Note: Currents into a pin are positive, currents out of a pin are negative. 
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PIN DESCRIPTION 


Chip Disable — Digital input. A Logic “0” (<0.8 V) sets normal operation. A Logic ‘1’ (=2.0 V) sets 
the power down mode. Input impedance is nominally 90 kQ. 


i 
Oo 


FC2 A capacitor at this pin increases power supply rejection, and affects turn-on time. This pin can be left 


open if the capacitor at FC1 is sufficient. 


Analog Ground for the amplifiers. A 1.0 uF capacitor at this pin (with a 5.0 uF capacitor at Pin 2) 
provides (typically) 52 dB of power supply rejection. Turn-on time of the circuit is affected by the 
Capacitor on this pin. This pin can be used as an alternate input. 


Amplifier input. The input capacitor and resistor set low frequency rolloff and input impedance. The 
feedback resistor is connected to this pin and VO1. 


Amplifier Output #1. The dc level is ~ (Vcc — 0.7 V)/2. 


< < mn 
il . | 


Vcc DC supply voltage (+2.0 to +16 volts) is applied to this pin. 
GND Ground pin for the entire circuit. 
VO2 Amplifier Output #2. This signal is equal in amplitude, but 180° out of phase with that at VO1. The dc 


level is ~ (Vcc — 0.7 V)/2. 
TYPICAL TEMPERATURE PERFORMANCE (- 20° < Ty < +70°C) 


Total Harmonic Distortion +0.003 


(Vcc = 6.0 V, RL = 329, Poyt = 125 mW, f = 1.0 kHz) 


Power Supply Current 
(Vcc = 3.0 V, RL = ~, CD = OV) 
(Vcc = 3.0 V, RL = ~, CD = 2.0 V) 


DESIGN GUIDELINES 


GENERAL similar for a particular IC, and therefore nearly cancel 
The MC34119 is a low power audio amplifier capable each other at the outputs. Amplifier #1’s bias current, 
of low voltage operation (Vcc = 2.0 V minimum) such however, flows out of Vip (Pin 4) and through Rg, forcing 
as that encountered in line-powered speakerphones. VO1 to shift negative by an amount equal to [R¢ x |jpl. 
The circuit provides a differential output (VO1-VO2) to VO2 is shifted positive an equal amount. The output 
the speaker to maximize the available voltage swing at offset voltage specified in the Electrical Characteristics 
low voltages. The differential gain is set by two external is measured with the feedback resistor shown in the 
resistors. Pins FC1 and FC2 allow controlling the amount Typical Application Circuit, and therefore takes into 
of power supply and noise rejection, as well as provid- account the bias current as well as internal offset volt- 
ing alternate inputs to the amplifiers. The CD pin permits ages of the amplifiers. The bias current is constant with 
powering down the IC for muting purposes and to con- respect to Vcc. 
serve power. 
FC1 and FC2 
AMPLIFIERS Power supply rejection is provided by the capacitors 
Referring to the block diagram, the internal config- (C1 and C2 in the Typical Application Circuit) at FC1 and 
uration consists of two identical operational ampli- FC2. C2 is somewhat dominant at low frequencies, while 
fiers. Amplifier #1 has an open loop gain of =80 dB C1 is dominant at high frequencies, as shown in the 
(at f < 100 Hz), and the closed loop gain is set by graphs of Figures 4-7. The required values of C1 and 
external resistors R¢ and Rj. The amplifier is unity gain C2 depend on the conditions of each application. A line 
stable, and has a unity gain frequency of approxi- powered speakerphone, for example, will require more 
mately 1.5 MHz. In order to adequately cover the tele- filtering than a circuit powered by a well regulated 
phone voice band (300-3400 Hz), a maximum closed power supply. The amount of rejection is a function of 
loop gain of 46 dB is recommended. Amplifier #2 is the capacitors, and the equivalent impedance looking 
internally set to a gain of — 1.0 (0 dB). into FC1 and FC2 (listed in the Electrical Characteristics 
The outputs of both amplifiers are capable of sourcing as Rec1 and RFC). 
and sinking a peak current of 200 mA. The outputs can In addition to providing filtering, C1 and C2 also 
typically swing to within ~0.4 volts above ground, and affect the turn-on time of the circuit at power-up, since 
to within ~1.3 volts below Vcc, at the maximum cur- the two capacitors must charge up through the inter- 
rent. See Figures 18 and 19 for VQH and VoL curves. nal 50 k and 125 kOQ resistors. The graph of Figure 1 
The output de offset voltage (VO1-VO2) is primarily indicates the turn-on time upon application of Vcc of 
a function of the feedback resistor (R¢), and secondarily +6.0 volts. The turn-on time is ~60% longer for Vcc 
due to the amplifiers’ input offset voltages. The input = 3.0 volts, and ~20% less for Vcc = 9.0 volts. Turn- 
offset voltage of the two amplifiers will generally be off time is <10 ws upon removal of Vcc. 
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FIGURE 1 — TURN-ON TIME versus C1, C2 AT POWER-ON 
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The Chip Disable (Pin 1) can be used to power down 
the IC to conserve power, or for muting, or both. When 
_at a Logic “0” (0 to 0.8 volts), the MC34119 is enabled 
for normal operation. When Pin 1 is at a Logic “1” (2.0 
to Vcc volts), the IC is disabled. If Pin 1 is open, that is 
equivalent to a Logic “0,” although good design practice 
dictates that an input should never be left open. Input 
impedance at Pin 1 is a nominal 90 kQ. The power sup- 
ply current (when disabled) is shown in Figure 15. 

Muting, defined as the change in differential gain 
from normal operation to muted operation, is in excess 
of 70 dB. The turn-off time of the audio output, from 
the application of the CD signal, is <2.0 us, and turn 
on-time is 12-15 ms. Both times are independent of C1, 
C2, and Vcc. 

When the MC34119 is disabled, the voltages at FC1 
and FC2 do not change as they are powered from Vcc. 
The outputs, VO1 and VO2, change to a high impedance 
condition, removing the signal from the speaker. If sig- 
nals from other sources are to be applied to the outputs 
(while disabled), they must be within the range of Vcc 
and Ground. 


POWER DISSIPATION 
Figures 8-10 indicate the device dissipation (within 
the IC) for various combinations of Vcc, RL, and load 


power. The maximum power which can safely be dis- 
sipated within the MC34119 is found from the following 
equation: 

Pp = (140°C — Ta)/Oja 

where Ta is the ambient temperature; 

and 6j, is the package thermal resistance (100°C/W for 
the standard DIP package, and 180°C/W for the surface 
mount package.) 


The power dissipated within the MC34119, in a given 
application, is found from the following equation: 


Pp = (Vcc x Icc) + (IRMs x Vcc) — (RL x IRM?) 
where Icc is obtained from Figure 15; 

and IRms is the RMS current at the load; 

and R_, is the load resistance. 


Figures 8-10, along with Figures 11-13 (distortion 
curves), and a peak working load current of +200 mA, 
define the operating range for the MC34119. The oper- 
ating range is further defined in terms of allowable load 
power in Figure 14 for loads of 8.0 0, 16 ©, and 32 2. 
The left (ascending) portion of each of the three curves 
is defined by the power level at which 10% distortion 
occurs. The center flat portion of each curve is defined 
by the maximum output current capability of the 
MC34119. The right (descending) portion of each curve 
is defined by the maximum internal power dissipation 
of the IC at 25°C. At higher ambient temperatures, the 
maximum load power must be reduced according to 
the above equations. Operating the device beyond the 
current and junction temperature limits will degrade 
long term reliability. 


LAYOUT CONSIDERATIONS 

Normally a snubber is not needed at the output of the 
MC34119, unlike many other audio amplifiers. However, 
the PC board layout, stray capacitances, and the manner 
in which the speaker wires are configured, may dictate 
otherwise. Generally the speaker wires should be 
twisted tightly, and be not more than a few inches in 
length. 


TYPICAL CHARACTERISTICS 


FIGURE 2 — AMPLIFIER #1 OPEN LOOP GAIN AND PHASE 
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FIGURE 3 — DIFFERENTIAL GAIN versus FREQUENCY 
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‘POWER SUPPLY REJECTION versus FREQUENCY 
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FIGURE 5 — C2 


FIGURE 4 — C2 = 10 pF 
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FIGURE 7 — C2 
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FIGURE 6 — C2 
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_ FIGURE 9. — DEVICE DISSIPATION 


FIGURE 8 — DEVICE DISSIPATION 
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FIGURE 11 — DISTORTION versus POWER 


FIGURE 10 — DEVICE DISSIPATION 
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FIGURE 13 — DISTORTION versus POWER 
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FIGURE 12 — DISTORTION versus POWER 
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FIGURE 14 — MAXIMUM ALLOWABLE LOAD POWER FIGURE 15 — POWER SUPPLY CURRENT 
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FIGURE 16 — SMALL SIGNAL RESPONSE FIGURE 17 — LARGE SIGNAL RESPONSE 
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FIGURE 18 — Vcc-VOH @ VO1, VO2 versus LOAD CURRENT FIGURE 19 — Vo, @ VO1, VO2 versus LOAD CURRENT 
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FIGURE 20 — INPUT CHARACTERISTICS @ CD (PIN 1) FIGURE 21 — AUDIO AMPLIFIER WITH HIGH INPUT IMPEDANCE . 
75 k 


Vcp (VOLTS) Differential Gain = 34 dB 
Frequency Response: See Figure 3 = 
Input Impedance = 125 kQ 
PSRR = 50 dB 


FIGURE 22 — AUDIO AMPLIFIER WITH BASS SUPPRESSION 
75 k 


FIGURE 23 — FREQUENCY RESPONSE OF FIGURE 22 
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FIGURE 24 — AUDIO AMPLIFIER WITH BANDPASS 


1000 pF FIGURE 25 — FREQUENCY RESPONSE OF FIGURE 24 
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FIGURE 26 — SPLIT SUPPLY OPERATION 
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Specifications and Applications 
Information | 


HIGH PERFORMANCE CURRENT MODE CONTROLLER 


HIGH PERFORMANCE 
(CURRENT MODE CONTROLLER 


SILICON MONOLITHIC 
INTEGRATED CIRCUIT 


The MC34129 series are high performance current mode switch- 
ing regulators specifically designed for use in low power digital 
telephone applications. These integrated circuits feature a unique 
internal fault timer that provides automatic restart for overload 
recovery. For enhanced system efficiency, a start/run comparator 
is included to implement bootstrapped operation of Vcc. Other 
functions contained are a temperature compensated reference, 
reference amplifier, fully accessible error amplifier, sawtooth os- 
cillator with sync input, pulse width modulator comparator, and 
a high current totem pole driver ideally suited for driving a power 
MOSFET. 

Also included are protective features consisting of soft-start, 
undervoltage lockout, cycle-by-cycle current limiting, adjustable 
dead time, and a latch for single pulse metering. 

Although these devices are primarily intended for use in digital 
telephone systems, they can be used cost effectively in many 
other applications. 


e Current Mode Operation to 300 kHz 
@ Automatic Feed Forward Compensation 
@ Latching PWM for Cycle-By-Cycle Current Limiting 
Continuous Retry after Fault Timeout 
Soft-Start with Maximum Peak Switch Current Clamp 
Internally Trimmed 2% Bandgap Reference 
High Current Totem Pole Driver 
Input Undervoltage Lockout 
Low Start-Up and Operating Current 
Direct Interface with Motorola SENSEFET Products 


P SUFFIX 
PLASTIC PACKAGE 
CASE 646-06 


D SUFFIX 
PLASTIC PACKAGE 
CASE 751A-02 
SO-14 


PIN CONNECTIONS 


Drive Output 


Drive Ground Start/Run Output 


SIMPLIFIED BLOCK DIAGRAM Ramp Input CSoft-Start 


Sync/Inhibit Feedback/ 
Input 4 PWM Input 


Error Amp 
Inverting Input 


Error Amp 
Non-Inverting Input 


18] Vreg 1.25 V 
(Top View) 


1 
ae | O Start/Run Output 
Soft-Start 
: age; 
CSoft-Start © 2 and Undervolt 14, Ven 
Lockout 


3 
Fault Timer 
8 


1.25 V 


Reference O Vref 1.25 V 


Gnd a 
9, Non-Inverting 
Input 


6 10. Inverti 
Vref 2.5 V 0 <A ae ORDERING INFORMATION 


Latching 
Temperature 
Range Package 


PWM 1, Feedback/ 
PWM Input 


Sync/Inhibit 5 4 
Input 


2 
O Drive Gnd 


3 
O Ramp Input 


SENSEFET is a trademark of Motorola Inc. 
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MAXIMUM RATING 


Veg Zoner Curent SSSS*dntvgg) || ma 
startRun Output Zoner Covent *‘( estan | 80 | ma 
analog inputs Pins 3, 6,9, 10,1 7a +d | 0a to 8 | 

rive Output Current Soure orsink ‘(| pay | 0 


Current, Reference Outputs (Pins 6, 8) 20 


Power Dissipation and Thermal Characteristics 
D Suffix Package SO-14 Case 751A-01 
Maximum Power Dissipation @ Ta = 70°C 
Thermal Resistance Junction to Air 
P Suffix Package Case 646-06 
Maximum Power Dissipation @ Ta = 70°C 
Thermal Resistance Junction to Air 


Operating Junction Temperature 


Operating Ambient Temperature TA 
MC34129 0 to +70 
MC33129 ~40 to +85 
Storage Temperature Range —65 to +150 


ELECTRICAL CHARACTERISTICS (Vcc = 10 V, Ta = 25°C [Note 1] unless otherwise noted) 


REFERENCE SECTIONS 


Reference Output Voltage, Ta = 
1.25 V Ref., IL = OmA 
2.50 V Ref., IL = 1.0 mA 


Reference Output Voltage, Ta = Tlow to Thigh 
1.25 V Ref., |, = OmA 
2.50 V Ref., lL = 1.0 mA 


Line Regulation (Vcc = 4.0 V to 12 V) 
1.25 V Ref., IL = OmA 
2.50 V Ref., lL = 1.0 mA 


Load Regulation 
1.25 V Ref., lL = —10 to +500 pA 
2.50 V Ref., || = —0.1 to +1.0 mA 


ERROR AMPLIFIER 


Input Offset Voltage (Vjn = 1.25 V) i | 
Ta = 25°C 
TA = Tlow to Thigh 
| Input Offset Current (Vin =1.25V) | 


Vio 
No 

Input Bias Current (Vjp = 1.25 V) iB 
GBW 


oN 
oo 


Ww — 
oo 


NO 
on 


Ta = 25°C 


TA = Tlow to Thigh 


A> 
[Gein Bandwidth Product (Vo = 125." = 100m) | caw 


Output Voltage Swing 
High State (lSource =0 pA) VOH 1.75 
Low State (Isink = 500 uA) VOL — 


0°C for MC34129 Thigh = +70°C for MC34129 
— 40°C for MC33129 + 85°C for MC33129 


oO : 
= 


Note 1. Tlow 


oll 
lo 
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ELECTRICAL CHARACTERISTICS (Vcc = 10 V, Ta = 25°C [Note 1] unless otherwise noted) 


[Characteristic Symbol | Min | Tw | Ma | Une 


PWM COMPARATOR 


Input Bias Current 


Propagation Delay, Ramp Input to Drive Output 


Buffer Output Voltage (Isjnk = 100 uA) 
FAULT TIMER | 
[Restart DelayTime tty | 00 || wo] 
START/RUN COMPARATOR 
[threshold Hysteresis Vokage in ta)——SSSS*d 
output voltage Using = 60048) Sd? Yt 
Output Off-State Leakage Current (VoH = 15 V) | Ig~piieak) | | 
[output Zener Voltage z= toma) Cd | 


OSCILLATOR 


Sync Input Current 
High State (Vjn = 2.0 V) 
Low State (Vip = 0.8 V) 


DRIVE OUTPUT 


Lee 
| 120 | 
| 460 | 
Ee eos 
Output Voltage | | ps 
High State (ISource = 200 mA) ; 
Low State (ISink = 200 mA) : 
fae 
Le! 
ca 
-[loutout PultDown Resistance Pao | 
UNDERVOLTAGE LOCKOUT 
ie ae 
Hysteresis | 15 | 
TOTAL DEVICE 
aa 


Power Supply Current 
Rt = 25.5 kQ, Cy = 390 pF, CL = 500 pF 


Note 1. Tigw = 0°C for MC34129 Thigh = +70°C for MC34129 
: = —40°C for MC33129 = +85°C for MC33129 
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Ry, TIMINS RESISTOR (Q) 


Afosc, OSCILLATOR FREQUENCY CHANGE (%) 


FIGURE 1 — TIMING RESISTOR versus OSCILLATOR 
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Wb See eee ee 
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aa CICS NET 
Shiite ts 
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FIGURE 3 — OSCILLATOR FREQUENCY CHANGE 
versus TEMPERATURE 


+25 + 50 
Ta, AMBIENT TEMPERATURE (°C) 


‘1G 


FIGURE 5 — ERROR AMP SMALL-SIGNAL 
TRANSIENT RESPONSE 


0.5 ps/DIV 


20 mV/DIV 


% DT, PERCENT OUTPUT DEAD-TIME 


Avot, OPEN-LOOP VOLTAGE GAIN (dB) 


FIGURE 2 — OUTPUT DEAD-TIME versus 
OSCILLATOR Miia 
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FIGURE 4 — ERROR AMP OPEN-LOOP GAIN AND 
PHASE versus FREQUENCY 
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FIGURE 6 — ERROR AMP LARGE-SIGNAL 
TRANSIENT RESPONSE 


1.0 us/DIV 
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FIGURE 8 — ERROR AMP OUTPUT SATURATION 


_ FIGURE 7 — ERROR AMP OPEN-LOOP DC GAIN 


versus SINK CURRENT 


versus LOAD RESISTANCE 


Pins 8 to 9, 6 to 10 
Pins 2, 5, 7 to Gnd 


Vec = 10V 


(GP) NIV SDVLIOA dOOT-N3d0 “1OAy 


Isinke OUTPUT SINK CURRENT (mA) 


R_, OUTPUT LOAD RESISTANCE (kQ)) 


FIGURE 10 — REFERENCE OUTPUT VOLTAGE versus 


FIGURE 9 — SOFT-START BUFFER OUTPUT SATURATION 


SUPPLY VOLTAGE 


versus SINK CURRENT 
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S 


CCC, 
SERRER RARE 
[espa atariieae 
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Pins 2, 5, 7, 10, 12 to Gnd 
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a 
a 
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a 
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Pins 8 to 9 
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Isink: a SINK are (uA) 


FIGURE 12 — 2.5 V REFERENCE OUTPUT VOLTAGE 
CHANGE versus SOURCE CURRENT 
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FIGURE 11 — 1.25 V REFERENCE OUTPUT VOLTAGE | 
CHANGE versus SOURCE CURRENT 
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FIGURE 13 — 1.25 V REFERENCE OUTPUT VOLTAGE FIGURE 14 — 2.5 V REFERENCE OUTPUT VOLTAGE 
versus TEMPERATURE versus TEMPERATURE 


Vref = 2.375 V *Vref = 2-500 V Vref = 2.625 V 


ra 
ed 
ee 
al 
aan 


Vcc = 10V 
RL = x 
"Vref at Ta = 25°C 


AVref, REFERENCE OUTPUT VOLTAGE CHANGE (mV} 
AVref, REFERENCE OUTPUT VOLTAGE CHANGE (mV) 


= 65 25 0 25 50 75 100 125 
Ta, AMBIENT TEMPERATURE (°C) Ta, AMBIENT TEMPERATURE (°C) 
FIGURE 15 — DRIVE OUTPUT SATURATION FIGURE 16 — DRIVE OUTPUT WAVEFORM 


versus LOAD CURRENT 
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FIGURE 17 — SUPPLY CURRENT versus SUPPLY VOLTAGE 
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PIN FUNCTION DESCRIPTION 


1 


Drive Output This output directly drives the gate of a power MOSFET. Peak cur- 
rents up to 1.0 A are sourced and sinked by this pin. 


This pin is a separate power ground return that is connected back 
to the power source. It is used to reduce the effects of switching 
transient noise on the control circuitry. 


Drive Ground 


A voltage proportional to the inductor current is connected to this 
input. The PWM uses this information to terminate output switch 
conduction. 


Ramp Input 


A rectangular waveform applied to this input will synchronize the 
Oscillator and limit the maximum Drive Output duty cycle. A dc 
voltage within the range of 2.0 V to Vcc will inhibit the controller. 


Sync/Inhibit Input 


The free-running Oscillator frequency and maximum Drive Output 
duty cycle are programmed by connecting resistor RT to Vref 2.5 V 
and capacitor C7 to Ground. Operation to 300 kHz is possible. 


Ry/Cry 


Vref 2.50 V This output is derived from Vref 1.25 V. It provides charging current 


for capacitor C7 through resistor RT. 


Ground This pin is the control circuitry ground return and is connected 


back to the source ground. 


This output furnishes a voltage reference for the Error Amplifier 
Non-Inverting Input. 


Vref 1.25 V 


Error Amp Non-Inverting Input | This is the non-inverting input of the Error Amplifier. It is normally 


connected to the 1.25 V reference. 


This is the inverting input of the Error Amplifier. It is normally con- 
nected to the switching power supply output through a resistor 
divider. 


Error Amp Inverting Input 


Feedback/PWM Input This pin is available for loop compensation. It is connected to the 
Error Amplifier and Soft-Start Buffer outputs, and the Pulse Width 


Modulator input. 


A capacitor Csoft-Start is connected from this pin to Ground for a 
controlled ramp-up of peak inductor current during start-up. 


CSoft-Start 


Start/Run Output This output controls the state of an external bootstrap transistor. 
During the start mode, operating bias is supplied by the transistor 
from Vjn. In the run mode, the transistor is switched off and bias is 


supplied by an auxiliary power transformer winding. 


This pin is the positive supply of the control IC. The controller is 
functional over a minimum Vcc range of 4.2 V to 12 V. 
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OPERATING DESCRIPTION 


The MC34129 series are high performance current 
mode switching regulator controllers specifically de- 
signed for use in low power telecommunication appli- 
cations. Implementation will allow remote digital tele- 
phones and terminals to shed their power cords and 
derive operating power directly from the twisted pair 
used for data transmission. Although these devices are 
primarily intended for use in digital telephone systems, 
they can be used cost effectively in a wide range of 
converter applications. A representative block diagram 
is shown in Figure 18. 


OSCILLATOR 

The oscillator frequency is programmed by the values 
selected for the timing components RT and Cry. Capac- 
itor C7 is charged from the 2.5 V reference through 
resistor RT to approximately 1.25 V and discharged by 
an internal current sink to ground. During the discharge 
of CT, the oscillator generates an internal blanking pulse 
that holds the lower input of the NOR gate high. This 
causes the Drive Output to be in a low state, thus pro- 
ducing a controlled amount of output deadtime. Figure 
1 shows Oscillator Frequency versus Rt and Figure 2, 
Output Deadtime versus Frequency, both for given val- 
ues of C7. Note that many values of Rt and Cy will give 
the same oscillator frequency but only one combination 
will yield a specific output deadtime at a given fre- 
quency. In many noise sensitive applications it may be 
desirable to frequency-lock one or more switching reg- 
ulators to an external system clock. This can be accom- 
plished by applying the clock signal to the Sync/Inhibit 
Input. For reliable locking, the free-running oscillator 
frequency should be about 10% less than the clock fre- 
quency. Referring to the timing diagram shown in Fig- 
ure 19, the rising edge of the clock signal applied to the 
Sync/Inhibit Input, terminates charging of CT and Drive 
Output conduction. By tailoring the clock waveform, ac- 
curate duty cycle clamping of the Drive Output can be 
achieved. A circuit method is shown in Figure 20. The 
Sync/Inhibit Input may also be used as a means for 
system shutdown by applying a dc voltage that is within 
the range of 2.0 V to Vcc. 


PWM COMPARATOR AND LATCH 

The MC34129 operates as a current mode controller 
whereby output switch conduction is initiated by the 
oscillator and terminated when the peak inductor cur- 
rent reaches a threshold level established by the output 
of the Error Amp or Soft-Start Buffer (Pin 11). Thus the 
error signal controls the peak inductor current on a 
cycle-by-cycle basis. The PWM Comparator-Latch con- 
figuration used, ensures that only a single pulse appears 
at the Drive Output during any given oscillator cycle. 
The inductor current is converted to a voltage by in- 
serting the ground-referenced resistor Rs in series with 
the source of output switch Q1. The Ramp Input adds 
an offset of 275 mV to this voltage to guarantee that no 
pulses appear at the Drive Output when Pin 11 is at its 


lowest state. This occurs at the beginning of the soft- 
start interval or when the power supply is operating 
and the load is removed. The peak inductor current un- 
der normal operating conditions is controlled by the 
voltage at Pin 11 where: 


V(Pin 11) — 0.275 V 
S 

Abnormal operating conditions occur when the power 
supply output is overloaded or if output voltage sensing 
is lost. Under these conditions, the voltage at Pin 11 
will be internally clamped to 1.95 V by the output of the 
Soft-Start Buffer. Therefore the maximum peak switch 
current is: 


1.95V — 0.275 1.675 V 
Rs ~ Rs 


lbk(max) = 


When designing a high power switching regulator it 
becomes desirable to reduce the internal clamp voltage 
in order to keep the power dissipation of Rs to a rea- 
sonable level. A simple method which adjusts this volt- 
age in discrete increments is shown in Figure 22. This 
method is possible because the Ramp Input bias current 
is always negative (typically — 120 uA). A positive tem- 
perature coefficient equal to that of the diode string will 
be exhibited by Ink(max). An adjustable method that is 
more precise and temperature stable is shown in Figure 
23. Erratic operation due to noise pickup can result if 
there is an excessive reduction of the clamp voltage. In 
this situation, high frequency circuit layout techniques 
are imperative. 

A narrow spike on the leading edge of the current 
waveform can usually be observed and may cause the 
power supply to exhibit an instability when the output 
is lightly loaded. This spike is due to the power trans- 
former interwinding capacitance and output rectifier re- 
covery time. The addition of an RC filter on the Ramp 
Input with a time constant that approximates the spike 
duration will usually eliminate the instability; refer to 
Figure 25. 


ERROR AMP AND SOFT-START BUFFER 

A fully-compensated Error Amplifier with access to 
both inputs and output is provided for maximum design 
flexibility. The Error Amplifier output is common with 
that of the Soft-Start Buffer. These outputs are open- 
collector (sink only) and are ORed together at the in- 
verting input of the PWM Comparator. With this config- 
uration, the amplifier that demands lower peak inductor 
current dominates control of the loop. Soft-start is man- 
datory for stable start-up when power is provided 
through a high source impedance such as the long 
twisted pair used in telecommunications. It effectively 
removes the load from the output of the switching 
power supply upon initial start-up. The Soft-Start Buffer 
is configured as a unity gain follower with the non- 
inverting input connected to Pin 12. An internal 1.0 nA 
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FIGURE 18 — REPRESENTATIVE BLOCK DIAGRAM 
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FIGURE 19 — TIMING DIAGRAM 
600 us Delay 


Sync/Inhibit Input | | | | | a 


Capacitor Cr / / 
Latch 
“Set” Input 
Feedback/PWM Input oo 
Ramp Input —» 1k joe 
Latch 
“Reset” Input 
Bs de Hecate tell es Ihe) a L 
20 V—> 
Start/Run 
Output 
143 V> 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-402 


MC34129, MC33129 


OPERATING DESCRIPTION (continued) 


current source charges the soft-start capacitor (Csoft- 
Start) to an internally clamped level of 1.95 V. The rate 
of change of peak inductor current, during start-up, is 
programmed by the capacitor value selected. Either the 
Fault Timer or the Undervoltage Lockout can discharge 
the soft-start capacitor. 


FAULT TIMER 

This unique circuit prevents sustained operation in a 
lockout condition. This can occur with conventional 
switching control IC’s when operating from a power 
source with a high series impedance. If the power re- 
quired by the load is greater than that available from 
the source, the input voltage will collapse, causing the 
lockout condition. The Fault Timer provides automatic 
recovery when this condition is detected. Under normal 
operating conditions, the output of the PWM Compar- 
ator will reset the Latch and discharge the internal Fault 
Timer capacitor on a cycle-by-cycle basis. Under op- 
erating conditions where the required power into the 
load is greater than that available from the source (Vjp), 
the Ramp Input voltage (plus offset) will not reach the 
comparator threshold level (Pin 11), and the output of 
the PWM Comparator will remain low. If this condition 
persists for more than 600 us, the Fault Timer will ac- 
tivate, discharging Csoft-Start and initiating a soft-start 
cycle. The power supply will operate in a skip cycle or 
hiccup mode until either the load power or source 
impedance is reduced. The minimum fault timeout is 
200 ys, which limits the useful switching frequency to 
a minimum of 5.0 kHz. 


START/RUN COMPARATOR 

A bootstrap start-up circuit is included to improve 
system efficiency when operating from a high input 
voltage. The output of the Start/Run Comparator con- 
trols the state of an external transistor. A typical appli- 
cation is shown in Figure 21. While Csoft-Start is charg- 
ing, start-up bias is supplied to Vcc (Pin 14) from Vin 
through transistor Q2. When Csoft-Start reaches the 
1.95 V clamp level, the Start-Run output switches low 
(Vcc — 50 mV), turning off Q2. Operating bias is now 
derived from the auxiliary bootstrap winding of the 
transformer, and all drive power is efficiently converted 
down from Vjn. The start time must be long enough for 
the power supply output to reach regulation. This will 
ensure that there is sufficient bias voltage at the aux- 
iliary bootstrap winding for sustained operation. 


_1.95 V CSoft-Start _ 


tStart = 7.0 pA 1.95 CsSoft-Start in uF 


The Start/Run Comparator has 350 mV of hysteresis. 


The output off-state is clamped to Vcc + 7.6 V by the 
internal zener and PNP transistor base-emitter junction. 


DRIVE OUTPUT AND DRIVE GROUND 

The MC34129 contains a single totem-pole output 
stage that was specifically designed for direct drive of 
power MOSFETs. It is capable of up to +1.0 A peak 
drive current and has a typical fall time of 30 ns with a 
500 pF load. The totem-pole stage consists of an NPN 
transistor for turn-on drive and a high speed SCR for 
turn-off. The SCR design requires less average supply 
current (Icc) when compared to conventional switching 
control IC’s that use an all NPN totem-pole. The SCR 
accomplishes this during turn-off of the MOSFET, by 
utilizing the gate charge as regenerative on-bias, 
whereas the conventional all transistor design requires 
continuous base current. Conversion efficiency in low 
power applications is greatly enhanced with this re- 
duction of Icc. The SCR’s low-state holding current (Ip) 
is typically 225 nA. An internal 225 kQ. pull-down resistor 
is included to shunt the Drive Output off-state leakage 
to ground when the Undervoltage Lockout is active. A 
separate Drive Ground is provided to reduce the effects 
of switching transient noise imposed on the Ramp In- 
put. This feature becomes particularly useful when the 
lbk(max) Clamp level is reduced. Figure 24 shows the 
proper implementation of the MC34129 with a current 
sensing power MOSFET. 


UNDERVOLTAGE LOCKOUT 

The Undervoltage Lockout comparator holds the 
Drive Output and Csoft-Start pins in the low state when 
Vcc is less than 3.6 V. This ensures that the MC34129 
is fully functional before the output stage is enabled 
and a soft-start cycle begins. A built-in hysteresis of 350 
mV prevents erratic output behavior as Vcc crosses the 
comparator threshold voltage. A 14.3 V zener is con- 
nected as a shunt regulator from Vcc to ground. Its 
purpose is to protect the MOSFET gate from excessive 
drive voltage during system start-up. An external 9.1 V 
zener is required when driving low threshold MOSFETs. 
Refer to Figure 21. The minimum operating voltage 
range of the IC is 4.2 V to 12 V. 


REFERENCES 

The 1.25 V bandgap reference is trimmed to +2.0% 
tolerance at Ta = 25°C. It is intended to be used in 
conjunction with the Error Amp. The 2.50 V reference 
is derived from the 1.25 V reference by an internal op 
amp with a fixed gain of 2.0. It has an output tolerance 
of +5.0% at Ta = 25°C and its primary purpose is to 
supply charging current to the oscillator timing 
capacitor. 
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FIGURE 20 — EXTERNAL DUTY CYCLE CLAMP FIGURE 21 — BOOTSTRAP START-UP nm 
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MC34129’s 


fig ss AB as - — Re The external 9.1 V zener is required when driving low threshold MOSFETs. 
(Ra + 2Rpg)c Ra + 2Rg 
FIGURE 22 — DISCRETE STEP REDUCTION OF CLAMP LEVEL FIGURE 23 — ADJUSTABLE REDUCTION OF CLAMP LEVEL 
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' FIGURE 24 — CURRENT SENSING POWER MOSFET FIGURE 25 — CURRENT WAVEFORM SPIKE SUPPRESSION 
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SENSEFET 


Power Ground: 
To Input Source 
Return 


The addition of the RC filter will eliminate instability caused by the 
leading edge spike on the current waveform. 


Control Circuitry Ground: 
To Pin 7 


Virtually lossless current sensing can be achieved with the implementation of a 
SENSEFET power switch. 
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FIGURE 26 — MOSFET PARASITIC OSCILLATIONS FIGURE 27 — BIPOLAR TRANSISTOR DRIVE 
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Vin 
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Series gate resistor Rg will damp any high frequency parasitic oscil- 
lations caused by the MOSFET input capacitance and any series wiring The totem-pole output can furnish negative base current for enhanced 
inductance in the gate-source circuit. transistor turn-off, with the addition of capacitor C1. 


FIGURE 28 — NON-ISOLATED 725 mW FLYBACK REGULATOR 
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Vin = 20 V to 40 V, lout 5V = 125 MA, Iout —5 V = 20 mA 


Vin = 30 V, lout 5V = 0 mA to 150 mA, Iout —5 V = 20 mA 
Vin = 30V, lout 5 V = 125 mA, lout ~5 V = 20 mA 
Efficiency Vin = 30V, lout 5 V = 125 MA, lout ~5 V = 20 mA 77% 
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FIGURE 29 — ISOLATED 2.0 W FLYBACK REGULATOR 
T1: Primary = 35T #32 AWG gas OVin = 20V to 48 V 
Feedback = 12T #32 AWG oO SS 
Secondary +5 V = 7T #32 AWG 
Gap = 0.004” for Lp of 180 »#H 
Core = Ferroxcube 813E187-3C8 
Bobbin = Ferroxcube E187PCB1-8 
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Conditions Results 
Vin = 20 V to 40 V, Ioyt 5 V = 380 mA, lout —5 V = 20 MA 
Vin. _ 30 V, lout 5 V = 100 mA to 380 mA, lout —5 V _ 20 mA 


Vin = 30 V, lout 5V = 380 MA, lout —5 V = 20 mA 150 mVp-p 


Vin = 30 V, lout 5 V = 380 mA, lout —5 V = 20 mA 


Line Regulation 5 V 


Load Regulation 5 V 
Output Ripple 5 V 
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FIGURE 30 — ISOLATED 3.0 W FLYBACK REGULATOR WITH SECONDARY SIDE SENSING 
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== Tt: Primary = 22T #18 AWG 


~ Secondary = 22T #18 AWG 

Lp = 50 wH 
us Core = Ferroxcube 2616PA100-3C8 
meee 200 Bobbin = Ferroxcube 2616F1D 


L1: Coilcraft 27156, 15 wH 


Line Regulation Vin = 8 V to 12 V, lout 600 MA 


Vin = 12 V, lout = 100 mA to 600 mA 


Efficiency 


An economical method of achieving secondary sensing is to combine the TL431A with a 4N26 optocoupler. 
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4 x 4 CROSSPOINT SWITCH WITH CONTROL MEMORY 


The MC142100 and MC145100 consist of 16 crosspoint switches 
(analog transmission gates) organized in 4 rows and 4 columns. Both 
devices have 16 latches, each of which controls the state of a particular 
switch. Any of the 16 switches can be selected by applying its address CMOS MSI 
to the device and a pulse to the strobe input. The selected crosspoint 
will turn on if during strobe, Data In was a one and will turn off if during 
strobe, Data in was a Zero. in addition the MC145100 will reset all non- ; | 4 x 4 CROSSPOINT SWITCH 
selected switches in the same row as the selected switch. Other 
switches are unaffected. In the MC145100, an internal power-on reset WITH CONTROL MEMORY 
turns off all switches as power is applied. 


(LOW-POWER COMPLEMENTARY MOS) 


@ Internal Latches Control State of Switches 
Power-On Reset (MC145100 Only) 
Low On Resistance — Typically on 110 Q @ 10 Vdc 
Large Analog Range (Vpp — Vss) 
All Pins Are Diode Protected 
Matched Switch Characteristics 
High CMOS Noise Immunity 
MC142100 Pin-for-Pin Replacement for CD22100 L SUFFIX P SUFFIX 


CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 CASE 648 


ORDERING INFORMATION 
Data 
more | , MC14XXXX - Suffix Denotes 
L Ceramic Package 
P Plastic Package 


A Extended Operating 
Temperature Range 

C Limited Operating 
Temperature Range 


[ 
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PIN ASSIGNMENTS 
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This device contains circuitry to protect the 

Symbol Unit inputs against damage due to high static 

DC Supply Voltage ~0.5 to +18 Vdc voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 

Input Voltage, All input Vj —0.5 to V/pp+0.5 | Vd : ae ; 

0 ¥DD bi avoid application of any voltage higher than 


[Through Current TE mA | maximum rated voltages to this high im- 
Operating Temperature Range Ta °C pedance circuit. For proper operation it is 
AL Device —55 to + 125 recommended that Vin and Voyt be con- 

CL/CP Device — 40 to +85 strained to the range Vss<(Vjn_ or 

Unused control inputs must always be tied to 

an appropriate logic voltage level (e.g., either 


Vss or Vpp). 
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ANALOG TRANSMISSION GATE 
(CROSSPOINT) SCHEMATIC 


In/Out O Out/In 


Control 


Controle 


: ack, aia 


Control 


ELECTRICAL CHARACTERISTICS (Vss=0 V) 


ef Pe Pa 

Characteristic Symbol | Vdc | Min | 

Operating Voltage MC145100 | Vpp 4.25 18 
: Vi 


Input Voltage (Logic) 0" Level L 
Control Input 5 
10 . 
15 
“1 Level VIH 
5 
10 
See Figure 1 15 


Thigh*™ , 


18 4.26 18 
18 3 


o> 
oon 


SNOW 
oon 


Input Current AL lin 15 +0.1 + 1.0 pA 
Pins 2,3,4,5,6, 7 CL, CP lin 15 +0.3 +1.0 


Input Capacitance (Vjpj= 0) 
Digital Inputs 
Switch Inputs/ Outputs 


Feedthrough Capacitance /Cin/out | — | 
5 


Quiescent Current (AL) MC145100 


J = 
o1 or i 
: 
F 
mn 


MC142100 


MC145100 


Quiescent Current 
(CL, CP Device) 


80 
pA 


MC142100 


On-State 
Resistance 
Vin=VDD-Vss 
2 
On-State Resistance Difference 
Between Any Two Switches 
Vin=Vpp-Vss __ See Figure 6 
2 


Input/Output Leakage AL | lin/out 15 
Current, Switch Off CL, CP 15 


* Tlow= 55°C for AL Device, — 40°C for CL/CP Device. 
Thigh= + 125°C for AL Device, + 85°C for CL/CP Device. 


See Figures 6-10 
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SWITCHING CHARACTERISTICS (Vsgs=0, Ta= 25°C, Cy, =50 pF) 


VDD 
Characteristics Symbol Vdc Typ 


Propagation Delay Times 
Input to Output 


Strobe to Output 
Output ‘’1"’ to High Impedance 
Output ‘’0” to High Impedance 


Output ‘’1"’ to High Impedance 
Output ‘‘0” to High Impedance 


High Impedance to Output “1” 
High Impedance to Output ‘’0” 


High Impedance to Output 1” 


High Impedance to Output “0” 


Data In to Output 


Data In to Output 


Address to Output 


Address to Output 


Vss=0 Vde 


MC142100 


MC145100 


MC142100 


MC145100 


MC142100 


MC145100 


MC142100 


MC145100 


See Figure 2 


Minimum Setup Time 
Data In to Strobe 


Data In to Strobe 


Minimum Hold Time 
Data In to Strobe 


Data In to Strobe 


Minimum Set Up Time 
Address to Strobe 


Minimum Hold Time 
Address to Strobe 


Minimum Strobe Pulse Width 


MC142100 


MC145100 


MC142100 
MC145100 


MC142100 
MC145100 


MC142100 
MC145100 


tPLH. tPHL 


tPLZ. tPHZ 


'PZH. tPHZ 
tPZL. tPLZ 


tPZH, tPHZ 
tPZL, tPLZ 


'PZL. tPLZ 
tPZH. tPHZ 
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MC142100, MC145100 


SWITCHING CHARACTERISTICS (continued) (Vss=0, Ta=25°C, C_=50 pF 


. VDD 
Characteristics Symbol _ 


Sine Wave Distortion — . See Figure 3 
(RL =1 kQ, f=1 kHz) 

Frequency Response (Switch On) See Figure 3 
(Ru = 1k, 20 Log10 Vout/Vin= — 3.0 dB) 


Feedthrough Attenuation (Switch Off) | See Figure 3 
(Vin= 10 Vpp, F=1.6 kHz, RL =1 kQ, CL = 15 pF) 


Frequency for Signal Crosstalk — 40 dB 
(Vin= 10 Vpp, Switch A 
On, Switch B Off, ~— 110 dB 
RL =1kQ, C, = 15 pF) See Figure 4 
Crosstalk Controls to Output | See Figure 5 
(Ry = 10 kQ) 


MC145100 MC145100 
Only Only 
Switch Switches Switch Switches 
Selected Cleared Selected Cleared 
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TIMING DIAGRAM 
MC145100/MC142100 


Strobe 


Data In 


Address 


On 
Switch 1 
Off 


On 
Switch 2 
Off 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-410 


MC142100, MC145100 


TEST CIRCUITS 


FIGURE 1 — INPUT VOLTAGE 


Vss Vout 


Data In Control 


Strobe 

Vpp ABC D VDD 
VSs 
cat 


FIGURE 3 — BANDWIDTH AND 
FEEDTHROUGH ATTENUATION 


Switch on for Bandwidth Test 
Switch off for Feedthrough Test 


Mid= VDD= VSS a5. 
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Data In Control 


Strobe 
Vpop ABCD L 


FIGURE 2 — PROPAGATION DELAY TIME 
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Generator Data 
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FIGURE 4 — CROSSTALK BETWEEN 
ANY TWO SWITCHES 


Win= YD - VSS » —\—- 
zZ 


A Switch 


Vin 


Control 


FIGURE 5 — CROSSTALK 
CONTROL TO OUTPUT 
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FIGURE 6 — CHANNEL RESISTANCE (Ron) TEST CIRCUIT 
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TYPICAL RESISTANCE CHARACTERISTICS 
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2.5V, Rais 


FIGURE 8 — Vpp 


_ FIGURE 7 — COMPARISON AT 25°C 
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Vin. INPUT VOLTAGE (VOLTS) 


Vin, INPUT VOLTAGE (VOLTS) 


=-7.5V 


7.5V, Vss 


FIGURE 10 — Vpp 


5.0 V, Vss= —-5.0 V 


FIGURE 9 — Vpp 
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Advance Information 


QUAD LINE DRIVER 


CMOS MSI 


The MC143403 and MC 143404 are low power, quad line drivers with 
true differential inputs. The device has electrical characteristics similar 
to the popular LM324 and MC3403. However, the MCi43403 has 
several distinct advantages over standard operational amplifier types. 
The low power quad driver, MC143403, draws only 1.5 mA (typ) and 
the micro power quad driver, MC143404, draws only 400 pA (typ) and 
provides high output drive capabilities. The common mode rejection 
ratio is typically 80 dB. 

These units are excellent building blocks for communications, con- 
sumer, industrial and instrument applications where low power is re- 
quired, particularly in telecommunications equipment. These units are 
useful in both battery operated communications systems and phone line 
powered equipment. 


QUAD LINE DRIVER 


Low Power and Micropower Communication Devices 
True Differential Input Stage 

Single or Split Supply Operation 

High Input Impedance 

Very Low Input Bias Current: 1 nA 

Four Drivers per Package 

Pinout Compatible with LM324 and MC3403 

Wide Input Voltage Range 

High Output Current Drive, MC143403 

Typical Input Offset Voltage: 10 mV 


L SUFFIX 
CERAMIC PACKAGE 
CASE 632 


P SUFFIX 
PLASTIC PACKAGE 
CASE 646 


ORDERING INFORMATION 
MC14XXXX 


Suffix Denotes 
PIN ASSIGNMENT L Ceramic Package 
Plastic Package 


Output A Output D 


Inputs A inputs D 


This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high-im- 
pedance circuit. For proper operation it is 
recommended that Vin and Voyt be con- 
strained to the range Vsss (Vin or 
Vout) = VDD. 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 


Vss or Vpp). 


VDD VSS 


Inputs B Inputs C 


Output B Output C 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS (Voltages referenced to Vso) 


— 40 to 85 
— 65 to 150 


RECOMMENDED OPERATING CONDITIONS 


DC Supply Voltage “| Vpp | +4.75 to +12.6 


ELECTRICAL CHARACTERISTICS (Vss=0 V, Ta=0 to 70°C) 


Input Offset Voltage 


Open Loop Voltage Gain, MC143404 Only, Ry = 10 ka 


Open Loop Voltage Gain, MC143403 Only, Ry, = 600 2 


Output Voltage Range 
MC143404: Ry = 10 kQ 
MC143403: Ry, = 600 2 | 


Input Common Mode Voltage Range 
Power Supply Current, MC 143403 Ipc 
DC 


Power Supply Current, MC143404 __. 


Small Signal Bandwidth 
Ay=1, RL =10 k2, Vo=50 mV 

Slew Rate 
MC143404: Ay=1, RL =10 kQ, 200 pF 
MC143403: R, = 600 2, 200 pF 

Phase Margin 
MC143404: Ay =1, RL = 10 kQ, 200 pF 
MC143403: Ry =600 2, 200 pF 


Power Supply Rejection Ratio 
Average Temperature Coefficient of Vio 
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FIGURE 1 — TYPICAL OPEN LOOP FREQUENCY RESPONSE 
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FIGURE 2 — TYPICAL POWER BANDWIDTH 
(Large Signal Swing vs. Frequency) 
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FIGURE 3 — GENERAL PURPOSE DUPLEXER (2-Wire to 4-Wire Converter) 


Vout 


FIGURE 4 — HIGH POWER DUPLEXER (2-Wire to 4-Wire Converter) 


Vout <a 7=6002 
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TECHNICAL DATA 


Advance Information 


Serial 13-Bit Linear Codec 
(A/D and D/A) | L SUFFIX 


CERAMIC 


CASE 620 
The MC145402 is a 13-bit linear monotonic digital-to-analog and analog-to-digital 


converter implemented in a single silicon-gate CMOS IC. Potential applications include 

analog interface for Digital Signal Processor (DSP) applications, high speed modems, 

telephone systems, SONAR, Adaptive Differential Pulse Code Modulation (ADPCM) PIN ASSIGNMENT 

converters, echo cancellers, repeaters, voice synthesizers, and music synthesizers. 

60 dB Signal-to-(Noise Plus Distortion) Ratio Typical 

On-Chip Precision Voltage Reference 

Serial Data Ports 

2's Complement Coding 

+5 Volt Supply Operation 

Sample Rates from 100 Hz to 16 kHz (Both A/D and D/A), 100 Hz to 21.3 kHz (A/D 
Only), and 100 Hz to 64 kHz (D/A Only) 

Input Sample and Hold Provided On-Chip 

5 Volt CMOS Inputs; Outputs Capable of Driving Two LSTTL Loads 

Available in a 16-Pin DIP 

Low Power Consumption: 50 mW Typical, 1 mW Power Down 
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This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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ABSOLUTE MAXIMUM RATINGS (Voltages Referenced to Vss) 


[Rating | Symbol | Value | Unit | 
DC Supply Voltage Vop-Vss | _-05tot7 | V | 
Voltage, Any Pin to Vgg -0.5 to Vpp +0.5 


DC Current Drain per Pin (Excluding a ae mA 
Vpp. Vss) 


This device contains circuitry to protect the 
inputs against damage due to high static voltages 
or electrical fields; however, it is advised that 
normal:precautions be taken to avoid applications 
of any voltage higher than maximum rated volt- | 
ages to this high impedance circuit. For proper 
operation it is recommended that Vin and Vout 
be constrained to the range Vgg<s(Vjn or 
Vout)=Vpp on analog inputs/outputs and 
VpG $ (Vin OF Vout) S$ Vpp On digital inputs/out- 
puts. Reliability of operation is enhanced if un- 
used digital inputs are tied to an appropriate logic 
voltage level (e.g., either VpG or Vpp) and un- 
used analog inputs are tied to Vac. 


RECOMMENDED OPERATING CONDITIONS 


° °o ° 
Sram tm |e |S oe | 
D6 Supply Voogs VopwVes| 28 [10 
Power Dissipation, PDi=1 Vpp to Vss RE ae 
| 
16 
21.3 
Short Cycle D/A 64 
70, AOC | Texts | Cae 
Vp 
dBm 


Power Dissipation, PDI =0 Vpp to Vss 

Full Cycle A/D and D/A 0. 

0 

0 

3 
Full Scale Analog Levels (Referenced to 600 0) Al, AO 3.27 
9.5 

Characteristic 


1 
Short Cycle A/D 1 
a 
oy. 


High Level Input Voltage 
Low Level Input Voitage 
Input Current 

Input Capacitance 


High Level Output Voltage | lout = —20 vA 
lout= —1mA 


Low Level Output Voltage 


CODER AND DECODER PERFORMANCE (Vpp=5 V +5%, Vsg= —5 V +5%, Vag=VpG=0 V, 0 dBm0= 1.60 Vrms =6.30 dBm — 
(600 2), Ta =0 to 70°C, MSI = TDE=RCE=8 kHz, TDC = RDC =2.048 MHz, CCI=256 kHz) 


Coder (A/D) 
Characteristic 


Resolution 


Conversion Time 


Signal-to-Noise Ratio 
(Referenced to 1.02 kHz through 
a frasi/2 Lowpass Filter) 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp=5 V +5%, Vsg= -5 V +5%, VAG=VpG= V, 0 dBm0= 1.60 Vrms = 
6.30 dBm (600 2), Ta =0 to 70°C, MSI=TDE=RCE=8 kHz, TDC = RDC =2.048 MHz, CCI =256 kHz) 


Characteristic 
Input Current 


AC Input Impedance 
Input Capacitance 


Output Voltage Range 


Power Supply Rejection Ratio 
(100 mV RMS on Vpp or Vgs, 0-50 kHz) 


Crosstalk, Al to AO and RDD to TDD referenced te 9 dBm0 @ 1.02 kHz 


A 
Settling Time (Full Scale) AO 


SWITCHING CHARACTERISTICS 
(Vpp=+5V +5%, Vgs=—5 V +5%, VaG=VpG=0 V, Ta=0 to 70°C, Ci =50 pF, See Figure 1) 


a 
input Rise Time —SSSSCSC~S~S~S*E, RDG, TOG, TOE, COL ST 
[input Fal Time —~—~SSCSCS~S~SCSSCSORE, RDC, TOC, TE, CC, SI] ty _| 
CC) 
“RCE| tw 

me 


[ouput aime SSCS 


[MSI Clock Frequency SSS 
FTDC Rising Edge to TDD Data Vaid During TOE High St 
FTDE Rising Edge to TOD Data Valid During TDC High SSS~dSC 
FTDE Rising Edge to TOD Low Impedance Propagation Delay SSSCS~sSCi 
[TOE Fating Edge to TDD High impedance Propagation Deley ———~—SS~S~Sw 


TDE Rising Edge to TDC Falling Edge Setup Time 
tsu2 


RDC Bit 0 Falling Edge to Last CCI Falling Edge Prior to MSI tsu3_ | 20s” 
MSI Rising Edge to CCI Falling Edge Setup Time tsu4 Roe 
tsu5 


First TDC Falling Edge to Last CCI Rising Edge Prior to MSI 


RCE Rising Edge to RDC Falling Edge Setup Time tsu8 


Last CCI Rising Edge (Prior to MSI) to TDE Rising Edge tsu6 
Last CCI Rising Edge (Prior to MSI) to First TDC Rising Edge 


RODD Valid to RDC Falling Edge Setup Time 
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TDE 


TOC 


TOD 


MSI 


cCi 


RCE 


ROC 


RDD 


tp4 tsu7 


, Lg 


CCl 
LAST 


tsu3 


LAST 
BIT 
CLOCK 


Figure 1. AC Timing Diagram 


PIN DESCRIPTIONS 


Vpp— POSITIVE SUPPLY (PIN 16) 
The most positive power supply, typically +5 volts in split 


power supply configurations or +10 volts in single supply 
systems. 


Vss— NEGATIVE SUPPLY (PIN 8) 


The most negative power supply, typically — 5 volts in split 
power supply configurations or 0 volts in single supply systems. 


VAG—ANALOG GROUND (PIN 1) 


This is the analog signal reference point. This pin is normally 
tied to 0 volts in split supply operation or Vpp/2 in single 
supply systems. . 


VpG— DIGITAL GROUND (PIN 9) 


This is the ground reference for all of the digital input and 
output pins. CMOS compatible logic signals swing from VpG 
to Vpp where VpqG can be established anywhere from 
Vpp — 4.75 volts to Vss. 


AO—ANALOG OUTPUT (PIN 2) 


This is the output of the decoder’s sample and hold circuit 
and is a 100 percent duty cycle analog output of the last digital 
word received and decoded by the decoder. The analog output 
is updated approximately 60 nanoseconds after the rising edge 
of the last CCi prior to MSI. See Figure 2. AO is capable of 
driving a 10 kilohm, 50 picofarad load. 


Al—ANALOG INPUT (PIN 3) 


This is the high impedance input to the coder. An A/D cycle 
begins on the first falling edge of CCI following the rising edge 
of MSI. The Al input is sampled approximately 50 nanoseconds 
after the rising edge of CCI prior to the start of the A/D cycle. 


PDI— POWER DOWN INPUT (PIN 4) 


In normal operation this input should be tied high. A logic 
low on this input puts the device into a minimum power dis- 
sipation mode. During power down, all functions stop. Two 
complete MSI conversion cycles are required to establish nor- 
mal operation after leaving the power down mode. 
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CCI—CONVERT CLOCK INPUT (PIN 5) 


This input controls the complete conversion sequence dur- 
ing one MSI cycle and must receive a clock which is 32 times 
the frequency of MSI. The only exception to 32 times the 
frequency of MSI is during short-cycle operation. See Modes 
of Operation. CCI must be synchronous and approximately 
rising edge aligned with MSI. 


MSI— MASTER SYNC INPUT (PIN 6) 


This pin determines the conversion rate for both the coder 
and the decoder. One A/D and D/A conversion takes place 
during each period of the digital clock applied to this input 
(except in: short-cycle operation, see Modes of Operation). 
MSI must be synchronous and approximately rising edge 
aligned with CCI. 


TDC—TRANSMIT DATA CLOCK (PIN 12) 


Digital data from the coder is serially transmitted from TDD 
on rising TDC edges whenever TDE is a logic high. TDC must 
be approximately rising edge aligned with TDE. Generally, if 
TDC is low when TDE rises, the first rising edge of TDC clocks 
the first data bit. If TDC is high when TDE rises, the first bit 
will be clocked by TDE and the first rising edge of TDC after 
TDE rises will clock out the second data bit. 


TDE—TRANSMIT DATA ENABLE (PIN 10) 


This pin is used to initiate the serial transfer of data from 
the coder and provides three-state control of the TDD pin. 
The rising edge of TDE (or TDC if it follows TDE) signals the 
start of data transfer from the TDD pin. A resulting high logic 
level on TDE also releases TDD from its high-impedance state. 
TDE must remain high throughout the data transfer to keep 
TDD in the low impedance state and must return to a low 
state prior to each data transfer. If TDE remains high for more 
than 16 TDC clocks, the 16 bits of TDD data will be recirculated. 
(Note: The A/D cycle begins on the first falling edge of CCI 
after the rising edge of MSI. The internal transmit latch is 
updated one and one half CCI periods prior to the start of the 
A/D cycle. A pulse generated by the logical AND of TDE and 
the first TDC transfers data to the transmit shift register, and 
this pulse must not occur when the transmit latch is updated. 
See Figure 2 and see tsy6, tsu6’, and tsy7 of Figure 1.) 


TDD—TRANSMIT DIGITAL DATA (PIN 11) 


This is the three-state output data pin from the coder and 
is controlled by the TDE and TDC pins. TDD is in the high- 
impedance state whenever TDE is a logic low. The first data 
bit is output from TDD on the rising edge of TDE (or TDC if 
it follows TDE) and each subsequent bit is output on. rising 
edges of TDC. Two output data formats are available as de- 
scribed in the TDF pin description below. 


TDOF—TRANSMIT DATA FORMAT (PIN 7) 


The 13-bit digital output of the coder is available in one of 
two sixteen-bit two’s complement formats as determined by 
the state of this pin. A logic zero at this pin causes the data 
from TDD to be in a 16-bit sign-extended format as follows: 
SSSSM ...bL where S, M, and L represent the sign, most 


significant bit, and the least significant bit, respectively. A 
logic one on this pin formats the data as_ follows: 
SM ...LSSS. See Figure 3. RDD data is not affected by the 
state of this pin and if a “digital loopback’”’ is needed (TDD 
data looped back into RDD), this pin should be high. 


RDC— RECEIVE DATA CLOCK (PIN 13) 


Receive digital data is accepted by the decoder on the first 
13 falling edges of RDC after an RCE rising edge. 


RCE— RECEIVE CLOCK ENABLE (PIN 14) 


This pin identifies the beginning of a data transfer into the 
RDD pin of the decoder. The first 13 falling edges of RDC 
after an RCE rising edge will clock data into the decoder data 
input, RDD. RCE must return low prior to each data transfer. 
Since receive data is latched into the receive latch on the last 
CCI falling edge prior to MSI, data transfers may not span this 
falling edge of CCI without loss of data. 


RDD—RECEIVE DIGITAL DATA (PIN 15) 


This pin is the data input to the decoder and is controlled 
by the RDC and RCE pins described above. Two’s complement 
data are loaded in the following sequence: SM. . . L where 
S, M, and L represent the sign, most significant bit, and the 
least significant bit, respectively. Only the first 13 bits clocked 
by RDC after RCE rises will be accepted for decoding. Any 
additional bits will be ignored. See Figure 3. . 


GENERAL INFORMATION 


MODES OF OPERATION— GENERAL 


The MC145402 has three modes of operation: a ‘‘full’’ cycle 
mode and two “‘short’’ cycle modes. The full cycle mode allows 
simultaneous analog to digital (A/D) and digital to analog 
(D/A) operation. The short cycle modes allow either A/D only 
or D/A only operation. Two MSI cycles are required for the 
MC145402 to detect which operating mode has been selected. 
See Figure 2 for full versus short cycle clocking. 


FULL CYCLE OPERATION 


When operating in the full cycle mode, the MC145402 per- 
forms a 13-bit A/D conversion followed by a 13-bit D/A con- 
version. Full cycle operation is selected by using a CCl 
frequency that is 32 times the frequency of MSI. MSI is the 
sample rate frequency. 


SHORT CYCLE ANALOG TO DIGITAL OPERATION 


If CCI is 24 times the frequency of MSI, short cycle analog 
to digital operation is selected. This allows a 13-bit A/D con- 
version only. In this mode, the D/A is not operational and any 
data applied to the RDD input is ignored. 


SHORT CYCLE DIGITAL TO ANALOG OPERATION 


Short cycle digital to analog operation is selected by using 
a CCI clock frequency that is eight times the MSI sample rate. 
During short cycle D/A operation, A/D operation is disabled 
and digital data read from TDD is not valid. 
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CLOCKING RECOMMENDATIONS 
For optimum differential nonlinearity performance, all data 


transitions on TDD and RDD should be limited to the first four 


CCI cycles following the rising edge of MSI. This may be 
achieved by setting MSI = TDE=RCE having a duration of 16 
data clock cycles, and TDC = RDC =4 x CCI clock frequency. 
Figure 6 shows a circuit that generates this clocking config- 
uration; see APPLICATION CIRCUITS. 


SIGNAL TO DISTORTION RATIO 
Figures 4 and 5 show graphs of typical signal to distortion 


ratios versus signal level for the MC145402. The presented . 


data is referenced to a 1020 hertz input sinusoidal frequency 
with signal levels referenced to 600 ohms and transmission 
level point adjusted (e.g., 0 dBm0 at 600 ohms with a TLP of 
6.30 dB is 4.53 volts peak to peak). For comparison, ideal 
signal to noise ratios for 9-, 10-, 11-, 12-, and 13-bit A/D and 
D/A converters are also shown. The equation used for an ideal 
RMS to RMS signal to distortion ratio is: 


S/D=N x6 dB+1.76 dB 


where N is the number of bits of resolution, 6 dB per bit, and 
1.76 =20jog (V3//2). 

(./3/./2) is approximately the RMS to RMS ratio of a sine 
wave to white noise. 

The signal to noise plus distortion ratio is measured through 
a brickwall low-pass filter set to the Nyquist frequency of the 
A/D and D/A sample rate. For an 8 kilohertz sample rate, the 
low-pass filter is set to block all signals above 4 kilohertz. 


APPLICATION CIRCUITS 


Figure 6 shows a typical circuit for generating the clock 
frequencies for the MC145402. This circuit uses an 
MC74HC4040 and a 2.048 megahertz crystal to generate the 
256 kilohertz frequency for internal sequencing, 1.024 mega- 
hertz for the data clocks, and an 8 kilohertz sample frequency. 
A 4.096 megahertz crystal could be used for a sample rate of 
16 kilohertz. . 

Figure 7 shows the MC145402 interfaced to the DSP56000 
- digital signal processor. The DSP56000 can internally generate 
the clocks for the MC145402 using the SSI serial interface. 
SCK provides the sequencing and data clocks (non-gated con- 
tinuous clock) and SC2 (setup as the Frame Sync Out, FSL = 0) 
provides the sample rate and data enables for the MC145402. 
The divide-by-four circuit to generate the CCI clock is rec- 
ommended for optimum MC145402 performance, and allows 
the DSP56000 to clock data in and out of the MC145402 
quickly, leaving time available for processing by the DSP before 
another sample is available. SCO and SC1 could be used to 
gate the enables to select up to four devices on the SSI bus. 


TELEPHONE SYSTEM TRANSMISSION LEVEL POINT 
FOR A LINEAR A/D OR D/A CONVERTER 
REFERENCED TO MU-LAW COMPANDING 


Mu-law companding, as specified by AT&T and CCITT, re- 
quires 8159 quantization levels to implement both A/D and 
D/A conversion schemes. This is to be mirrored about signal 
ground for the negative part of the wave form. 

To implement a 13-bit (+ 12-bit) linear converter scheme 
requires 8192 quantization levels mirrored about signal ground. 
To specify this converter such that it can be used to interface 
with, or as an alternative to, telephony based Mu-law appli- 
cations, the following is an explanation of the gain translation. 

A 13-bit linear converter scheme has 8192 quantization lev- 
els. The goal is to be able to convert between these two 
encoding schemes with minimal distortion. This dictates set- 
ting the LSBs to the same level. For this to be achieved requires 
the reference voltage of the linear converter to be 8192/8159 | 
times the reference voltage of the Mu-law converter. The peak 
amplitude of a Mu-law converter is 3.17 dBm0. The peak level 
of the linear converter will be 8192/8159 times the peak level 
of the Mu-law converter, which is 8192/8159 x 3.17 dBm0. 
However, you cannot multiply a gain factor by a dBm value 
without using common term units and math; i.e., we must 
convert this gain factor to a dB equivalent which is: | 


20 logi9 (8192/8159) = 0.03 dB 


With the gain factor in dB, we can add it to the Mu-law peak 
level: 


3.17 dBm0 + 0.03 dB =3.20 dBm0 


Therefore, the linear converter peak:level is 3.20 dBm0. 

This is another way of saying the 0 dBm0 level for the linear 
converter is 3.20 dB below the maximum amplitude. 

To determine the absolute 0 dBm0 level for the linear con- 
verter from the peak level, we calculate the peak level in dBm 
by: 


1 mW 


2 
10 logig (3:22 VPK/v2)¢ (600 ohm) _ 9 59 aBm (600 ohm) 


and 3.20 dB below this level is the 0 dBm0 absolute amplitude, 
which is 


9.50 dBm — 3.20 dB = 6.30 dBm (600 ohm) 


Therefore, the calibration level, or transmission level point 
(TLP), for this part is 6.30 dBm (600 ohm), which is 1.6 Vrms 
based on the reference voltage of 3.27 V. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-422 


A aA 


VIVO SDIASG SNOLLVOINNWNOO3T1SL VIOHOLOW 


FULL CYCLE A/D—D/A 
CLOCK 1 


8 16 4 a 
CYCLE | 
AID CONVERSION DIA 
Ms PN ele te ey ehh lak SURV ay Ai oi ile alcay sp hat cleo Nee 
cc 


Al SAMPLED AO UPDATED AND 


TDD DATA TRANSFERRED INTO 
THE TRANSMIT LATCH 


SHORT CYCLE A/D ONLY 
A/D CONVERSION 


MSI 


CCl 


TDD DATA TRANSFERRED 
INTO THE TRANSMIT LATCH 


SHORT CYCLE D/A ONLY. 


DIA 
CONVERSION 


D/A 
CONVERSION 


DIA 
CONVERSION 


DIA 
CONVERSION 


MSI 


CCl 


RDD DATA LATCHED INTO 
A ; 
al THE RECEIVE LATCH 


Figure 2. MC145402 Full and Short Cycle Timing 
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Figure 3. MC145402 Digital Data Timing 
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COMPARED TO 9-13-BIT IDEAL A/D; MSI=8 kHz; 
MEASURED THROUGH A LOW-PASS FILTER 
WITH A BANDWIDTH OF fragi/2 


RMS SIGNAL TO RMS (NOISE + DISTORTION) (dB) 
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(1020 Hz REFERENCED TO 600 0) 


Figure 4. MC145402 Encoder (A/D) Signal to Noise Plus Distortion Ratio 
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Figure 5. MC145402 Decoder (D/A) Signal to Noise Plus Distortion Ratio 
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Figure 6. Typical MC145402 Configuration 
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Figure 7. The MC145402, 13-Bit Linear Codec, Interfaced to a Motorola DSP56000, Digital Signal Processor, SSI Port 
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a SEMICONDUCTOR 
TECHNICAL DATA 


MIC145406 


EIA-232-D/V.28 Driver/Receiver a 


(Formerly RS-232-C) yr Ck 
are | NS Ny . 
The MC145406 is a silicon-gate CMOS IC that combines 3 drivers and 3 receivers | \V \ 
to fulfill the electrical specifications of standards EIA-232-D and CCITT V.28. The 6 L SUFFIX 


drivers feature true TTL input compatibility, slew-rate-limited output, 300 ohms CASE 620 
power-off source impedance, and output typically switching to within 25 percent of CERAMIC 
the supply rails. The receivers can handle up to +25 volts while presenting 3 to 7 
kilohms impedance. Hysteresis in the receivers aids reception of noisy signals. By 
combining both drivers and receivers in a single CMOS chip, the MC145406 pro- 
vides efficient, low-power solutions for EIA-232-D and V.28 applications. 


Drivers 

@ +5to +12 V Supply Range P SUFFIX 
@ 300 Ohms Power-Off Source Impedance CASE 648 
@ Output Current Limiting PLASTIC 
@ TTL Compatible 

@ Maximum Slew Rate =30 V/s 


1 
= 
es 
° 
6 
. 
° 


DW SUFFIX 


Receivers 
@ +25 V Input Voltage Range When Vpp= 12 V, Vss= — 12 V 
@ 3 to 7 Kilohms Input Impedance 


@ Hysteresis on Input Switchpoint . i 


FUNCTION DIAGRAM — | PIN ASSIGNMENT 


RECEIVER 


Vec 


Vop DRIVER 


300 
Tx 


Vss 


* Protection circuit D = DRIVER 
R = RECEIVER 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA | 


2-428 


MC145406 


MAXIMUM RATINGS (Voltage polarities referenced to GND) This device contains protection circuitry to pro-_ 


| «Rating =| Symbol | Value tect the inputs against damage due to high static 


DC Supply Voltages (Vpp = Vcc) VDD —0.5to +13.5 V voltages or electric fields; however, it is advised 
Vss +0.5to — 13.5 
Vcc — 0.5 to 6.0 


that normal precautions be taken to avoid appli- 
Input Voltage Range VIR 
Rx1-3 Inputs (Vsg — 15) to (Vpp + 15) 
DI1-3 Inputs —0.5 to (Vcc + 0.5) 


cation of any voltage higher than maximum rated 
DC Current Per Pin + 100 


range GND<VpisVpp and GND<Vpo=s 
Vcc: Also, the voltage at the Rx pin should be 
constrained to (Vgs—15 V)<Vrx1-3=!Vppb 
+15 V), and Tx should be constrained to 
Vss £VTx1-3=VDD- 

Unused inputs must always be tied to an ap- 
propriate logic voltage level (e.g., GND or Vcc 
for DI, and Vss or Vpp for Rx.) 


voltages to this high impedance circuit. For 
proper operation, it is recommended that the volt- 
ages at the DI and DO pins be constrained to the 

[Power Dissipation —+'| p> | +1.0.S—~™S 

°C 


DC ELECTRICAL CHARACTERISTICS (Ali polarities referenced to GND =0 V, Ta = — 40 to 85°C) 


DC Supply Voltage 
VpD 
Vss 


Vec (Vpp=Vcc) 
Quiescent Supply Current 
(Outputs unloaded, inputs low) 

Vpp= +12 V 

Vss=-12V 

Vec=t+5V 


RECEIVER ELECTRICAL SPECIFICATIONS (Voltage polarities referenced to GND=0 V, Vpp= +5 to +12 V, Vgg=—5 to —12 V, 
Vpp=Vcc,. Ta = —40 to 85°C) 


Input Turn-on Threshold 
Vpo01-3= VoL. Vcc =5.0 V +5% 


Input Turn-off Threshold Rx1-3 Voff 0.75 
Vpo01-3= VOH. Vcc =5.0 V +5% 
Input Threshold Hysteresis Rx1-3 | Von-Voff 


Vcc =5.0 V +5% 


Input Resistance 


(Vgg — 15 V)<Vpx1-35(Vpp + 15 V) 


High-Level Output Voltage 
VRx1-3= —3 V to (Vgg — 15 V)* 
loH = —20 pA, Vcc = +5.0 V 
loH= —1mMA, Vcc= +5.0 V 


Low-Level Output Voltage 
Vrx1-3= +3 V to (Vpp +15 V)* 
lol = +20 nA, Vcc = + 5.0 V 
loL= +2 mA, Vcc= +5.0 V 
loL=+4mA, Vec= +5.0 V 


*This is the range of input voltages as specified by ElIA-232-D to cause a receiver to be in the high or low logic state. 
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DRIVER ELECTRICAL SPECIFICATIONS (Voltage polarities referenced to GND=0 V, Vec= +5 V +5%, Ta = —40 to 85°C) © 
MC145406 


ani ati ieee ee 


Digital Input Voltage 
LogicO. . 
Logic 1 
Input Current 
Vpi1-3= VCC 
Output High Voltage 
Vp1I1-3 = Logic 0, Ry =3.0 kQ 
Vpp= +5.0 V, Vsg=-—5.0 V 
Vpp= +6.0 V, Vsg= —-6.0 V 
Vpp= + 12.0 V, Vgg= — 12.0 V 


Output Low Voltage* 

Vp11-3 = Logic 1, RL =3.0 kQ 
Vpp= +5.0 V, Vgg= —5.0 V 
Vpp= + 6.0 V, Vssg= —-6.0 V 
Vpop= + 12.0 V, Vsgg= — 12.0 V 


Off Source Resistance 
(Figure 1) 
Vpp=Vss=GND=0 V, VTx71-3= +2.0 V 


Output Short-Circuit Current 
Vpp= + 12.0 V, Vgg = — 12.0 V 
Tx1-3 shorted to GND* * 
Tx1-3 shorted to + 15.0 V* ** 


*The voltage specifications are in terms of absolute values. 
** Specification is for one Tx output pin to be shorted at a time. Should all three driver outputs be shorted simultaneously, device power 
dissipation. limits will be exceeded. 
***This condition could exceed package limitations. 


SWITCHING CHARACTERISTICS (Vcc= +5 V +5%, Ta = — 40 to 85°C; See Figures 2 and 3) 


; MC145406 
iets omeet [an |e | | 


Drivers 


| Propagation Delay Time 
Low-to-High 
Ryu =3 kQ, CL =50 pF 


High-to-Low 
RL =3 kQ, Cy =50 oF 


Output Slew Rate 
Minimum Load 
R_ =7 kQ, C_ =0 pF, Vpp=6 to 12 V, Vgg= —6 to —-12 V 


Maximum Load 
R_=3 kQ, Cy =2500 pF 
Vpp = 12 V, Vssg= —-12 V 
Vpp=5 V, Vss=—-5V 


Receivers (C; =50 pF} 


Propagation Delay Time DO1-3 
Low-to-High ; . tPLH 


High-to-Low tPHL 


Output Rise Time DO1-3 eS eS ee a 
Output Fall Time DO1-3 iar es Sed ieee ao 
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Figure 1. Power-Off Source Resistance (Drivers) 
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001-3 
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tSLH tSHL 
Figure 3. Slew Rate Characterization 


SLEW RATE (SR) = 3V-(-3V) 


PIN DESCRIPTIONS 


Vpp—POSITIVE POWER SUPPLY (PIN 1) 


The most positive power supply pin, which is typically 5 to 
12 volts. 


Vsg—NEGATIVE POWER SUPPLY (PIN 8) 


The most negative power supply pin, which is typically —5 
to — 12 volts. 


Vcc—DIGITAL POWER SUPPLY (PIN 16) 


The digital supply pin, which is connected to the logic power 
supply (maximum + 5.5 volts). Vcc must be less than or equal 
to Vpp. 


GND— GROUND (PIN 9) 


Ground return pin is typically connected to the signal ground 
pin of the EIA-232-D connector (connector pin 7) as well as 
to the logic power supply ground. 


Rx1, Rx2, Rx3— RECEIVE DATA INPUT (PINS 2, 4, 6) 


These are the EIA-232-D receive signal inputs whose volt- 
ages can range from (Vpp + 15 V) to (Vss — 15 V). A voltage 
between +3 and (Vpp+15 V) is decoded as a space and 
causes the corresponding DO pin to swing to ground (0 V); 
a voltage between —3 and (Vss — 15 V) is decoded as a mark 
and causes the DO pin to swing up to Vcc. The actual turn- 
on input switchpoint is typically biased at 1.8 volts above 
ground, and includes 800 millivolts of hysteresis for noise re- 
jection. The nominal input impedance is 5 kilohms. An open 
or grounded input pin is interpreted as a mark, forcing the DO 
pin to Vcc: 


DO1, DO2, DO3—DATA OUTPUT (PINS 11, 13, 15) 


These are the receiver digital output pins, which swing from 
Vcc to ground. A space on the Rx pin causes DO to produce 
a logic zero; a mark produces a logic one. Each output pin is 
capable of driving one LSTTL input load. 


DI1, DI2, DI3—DATA INPUT (PINS 10, 12, 14) 


These are the high-impedance digital input pins to the driv- 
ers. TTL compatibility is accomplished by biasing the input 
switchpoint at 1.4 volts above ground. However, 5-volt CMOS 
compatibility is maintained as well. Input voltage levels on 
these pins must be between Vcc and ground. 


Tx1, Tx2, Tx3—TRANSMIT DATA OUTPUT (PINS 3, 5, 7) 


These are the ElA-232-D transmit signal output pins, which 
swing toward Vpp and Vss. A logic one at a DI input causes 
the corrresponding Tx output to swing toward Vss. A logic 
zero causes the output to swing toward Vpp (the output 
voltages will be slightly less than Vpp or Vss depending upon 
the output load). Output slew rates are limited to a maximum 
of 30 volts per microsecond. When the MC145406 is off 
(Vpp =Vss=Vcc= GND), the minimum output impedance 
is 300 ohms. 
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APPLICATIONS INFORMATION 


The MC145406 has been designed to meet the electrical 
specifications of standards ElA-232-D and CCITT V.28. EIA- 
232-D defines the electrical and physical interface between 
Data Communication Equipment (DCE) and Data Terminal 
Equipment (DTE). A DCE is connected to a DTE using a cable 
that typically carries up to 25 leads. These leads, referred to 
as interchange circuits, allow the transfer of timing, data, 
control, and test signals. Electrically this transfer requires level 
shifting between the TTL/CMOS logic levels of the computer 
or modem and the high voltage levels of EIA-232-D, which 
can range from +3 to +25 volts. The MC145406, provides 
the necessary level shifting as well as meeting other aspects 
of the EIA-232-D specification. 


DRIVERS 


As defined by the specification, an EIA-232-D driver presents 
a voltage of between +5 to + 15 volts into a load of between 
3 to 7 kilohms. A logic one at the driver input results in a 
voltage of between —5 to — 15 volts. A logic zero results in 
a voltage between +5 to +15 volts. When operating Vpp 
and Vss at +7 to +12 volts, the MC145406 meets this re- 
quirement. When operating at +5 volts, the MC145406 drivers 
produce less than +5 volts at the output (when terminated), 
which does not meet EIA-232-D specification. However, the 
output voltages when using a +5 volt power supply are high 
enough (around +4 volts) to permit proper reception by an 
EIA-232-D receiver, and can be used in applications whére 
strict compliance to EIA-232-D is not required. 

Another requirement of the MC145406 drivers is that they 
withstand a short to another driver in the ElA-232-D cable. 
The worst-case condition that is permitted by ElA-232-D is a 
+15 volt source that is current limited to 500 milliamperes. 
The MC145406 drivers can withstand this condition momen- 
tarily. In most short circuit conditions the source driver will 
have a series 300 ohm output impedance needed to satisfy the 
EIA-232-D driver requirements. This will reduce the short cir- 
cuit current to under 40 mA which is an acceptable level for 
the MC145406 to withstand. 

Unlike some other drivers, the MC145406 drivers feature an 
internally-limited output slew rate that does not exceed 30 
volts per microsecond. 


RECEIVERS 


The job of an ElIA-232-D receiver is to level-shift voltages in 
the range of —25 to +25 volts down to TTL/CMOS logic 
levels (0 to +5 volts). A voltage of between —3 and — 25 volts 
on Rx1 is defined as a mark and produces a logic one at DO1. 
A voltage between +3 and +25 volts is a space and produces 
a logic zero. While receiving these signals, the Rx inputs must 
present a resistance between 3 and 7 kilohms. Nominally, the 
input resistance of the Rx1-3 inputs is 5.4 kilohms. 

The input threshold of the Rx1-3 inputs is typically biased 
at 1.8 volts above ground (GND) with typically 800 millivolts 
of hysteresis included to improve noise immunity. The 1.8 volt 
bias forces the appropriate DO pin toa logic one when its Rx 
input is open or grounded as called for in the EIA-232-D spec- 
ification. Notice that TTL logic levels can be applied to the Rx 
inputs in lieu of normal EIA-232-D signal levels. This might be 
helpful in situations where access to the modem or computer 
through the ElA-232-D connector is necessary with TTL de- 
vices. However, it is important not to connect the ElA-232-D 
outputs (Tx1-3) to TTL inputs since TTL operates off +5 volts 
only, and may be damaged by the high output voltage of the 
MC145406. 

The DO outputs are to be connected to a TTL or CMOS 
input (such as an input to a modem chip). These outputs will 
swing from Vcc to ground, allowing the designer to operate 
the DO and DI pins from digital power supply. The Tx and Rx 
sections are independently powered by Vpp and Vss so that 
one may run logic at +5 volts and the EIA-232-D signals at 
+12 volts. . 


POWER SUPPLY CONSIDERATIONS 


Vcc should not exceed Vpp by more than 0.5 volts. Due 
to an internal diode between Vpp and Vcc, the power-up or 
power-down power supply sequences may permit Vcc to be 
greater than Vpp for a short period of time. This condition 
could cause parts to fail for longer periods of time. A diode 
as shown in Figure 4 can be used to protect the dewice from 
this condition. 


+5V 
POWER SUPPLY 


+5 to 12 V 


POWER SUPPLY 
MC 145406 


Figure 4. Protection Diode for Vcc >Vpp Condition 
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Figure 6. Line-Powered Voice/Data Telephone with Electrically Isolated ElA-232-D Interface 
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R1 2.048 MHz 
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*For optional filtering. ST—STRAP + 
**TR1 should be cut when this capacitor is used. NC—NO CONNECTION . 7 NC NC 
; Vec=5 V . 
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Figure 7. 80 kbps Limited Distance Modem with EIA-232-D Interface (Master) 
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TECHNICAL DATA 


MC145407 


Advance Information 


5-Volt-Only Driver/Receiver 
EIA-232-D and CCITT V.28 


L SUFFIX 


The MC145407 is a silicon-gate CMOS IC that combines three drivers and three ae 
receivers to fulfill the electrical specifications of EIA-232-D and CCITT V.28 while operat- 
ing from a single +5 voit power suppiy. A voitage doubler and inverter convert the +5 


volts to + 10 volts. This is accomplished through an on-board 20 kHz oscillator and four 
inexpensive external electrolytic capacitors. The three drivers and three receivers of the 
MC145407 are virtually identical to those of the MC145406. Therefore, for applications re- t | 
P SUFFIX 


quiring more than three drivers and/or three receivers, an MC 145406 can be powered 

from an MC145407, since the MC 145407 charge pumps have been designed to guarantee CASE 738 
+5 volts at the output of up to six drivers. Thus the MC145407 provides a high-perfor- PLASTIC 
mance, low-power, stand-alone solution or, with the MC145406, a +5 volt-only, high-per- 
formance two-chip solution. 


Drivers Charge Pumps 20 Ree 
@ +7.5 Volt Output Swing @ +5 Volts to +10 Volt Dual ee DW SUFFIX 
@ 300 Ohms Power-Off Impedance Charge Pump Architecture 
@® Output Current Limiting @ Supply Outputs Capable of 
@ TTL and CMOS Compatible Inputs Driving Three On-Chip 
@ Slew Rate Range Limited from 4 V/ys to 30 V/s Drivers and Three Drivers 
on the MC145406 
Receivers Simultaneously 
@ +25 Volt Input Range @ Requires Four Inexpensive 
@ 3 to 7 Kilohms Input Impedance Electrolytic Capacitors 
@ 0.8 Volt Hysteresis for Enhanced Noise Immunity @ On-Chip 20 kHz Oscillator 
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This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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MAXIMUM RATINGS (Voltage polarities referenced to GND) This device contains protection circuitry to pro- 

. tect the inputs against damage due to high static 
voitages or electric fields; however, it is advised 

that normal precautions be taken to avoid appli- 
Input Voltage Range vs cation of any voltage higher than maximum rated 
Rx1-3 Inputs : Vsgs—15 to Vpp + 15 voltages to this high impedance circuit. For 
DI1-3 Inputs —0.5 to (Vcc + 0.5) proper operation, it is recommended that the volt- 


at ages at the DI and DO pins be constrained to the 
be a = Pin range GND<VpisVpp and GND<Vpos 
Vcc. Also, the voltage at the Rx pin should be 


constrained to (Vgg—-15 V)<Vpx1-35(Vpp 
[ Storage Temperature Range +15 V), and Tx should be constrained to 
Vss =VTx1-3=Vpp- 
7 Unused inputs must always be tied to an ap- 
propriate logic voltage level (e.g., GND or Vcc 
for Di, and GND for Rx.) 


DC ELECTRICAL CHARACTERISTICS (All polarities referenced to GND =0 V; Cl, C2, C3, C4=10 wF; Ta = — 40 to 85°C) 
Parameter 
DC Supply Voltage V 


CC 
Quiescent Supply Current Icc 
(Outputs unloaded, inputs low) 
Output Voltage load =0mA 
, lload =5 mA 


load =10 mA 


lload = 9 mA 
lload =5 mA 


RECEIVER ELECTRICAL SPECIFICATIONS (Voltage polarities referenced to GND=0 V; Vcc = +5 V +10%; C1, C2, C3, C4=10 pF; 
Ta= — 40 to 85°C) 


Input Turn-on Threshold 
Vp01-3= VOL 

Input Turn-off Threshold 
Vp01-3=VOH 

Input Threshold Hysteresis (Von — Vof#) 


Input Resistance 


High-Level Output Voltage 
VrRx1-3= —3 V to -25 V 
lOH = —20 pA 
loH= —1mA 
Low-Level Output Voltage 
Vrx1-3= +3 V to +25 V 
loL= +20 pA 
lIoL= +1.6 mA 
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DRIVER ELECTRICAL SPECIFICATIONS (Voltage polarities referenced to GND=0 V; Vcc = +5 V +10%; C1, C2, C3, C4=10 uF; 
Ta = —40 to 85°C) 


Symbol | Min | Typ | Mex | Unit | 


Digital Input Voltage 
Logic 0 
Logic 1 


Input Current DI1-3 + 1.0 pA 
GND <Vpi1-3=Vcc 


Output High Voltage Tx1-3 
Vpi1-3 = Logic 0, RL =3.0 kQ 


Output Low Voltage Tx1-3 VOL -7.5 V 
Vpi1-3 = Logic 1, RL =3.0 k0 Tx1-6* -6.5 

Off Source Impedance Tx1-3 Zoft 
(Figure 1) 


Output Short-Circuit Current 
Vec= +5.5V 

Tx1-3 shorted to GND* * 

Tx1-3 shorted to +15 V*¥ ** 


* Specifications for an MC145407 powering an MC 145406 with three additional drivers/receivers. 
** Specification is for one Tx output pin to be shorted at a time. Should all three driver outputs be shorted simultaneously, device power 


dissipation limits could be exceeded. 
***This condition could exceed package limitations. 


SWITCHING CHARACTERISTICS (Vcc=+5V +10%; C1, C2, C3, C4=10 pF; Ta = — 40 to 85°C; See Figures 2 and 3) 


Symbol | Min | Typ | Max__| Unit | 


Drivers 
Propagation Delay Time 
Low-to-High 
Ry =3 kQ, Cy =50 pF or 2500 pF 


High-to-Low 
RL =3 kQ, Cy = 50 pF or 2500 pF 


Output Slew Rate 
Minimum Load 
Ry =7 kQ, CL =0 pF 


Maximum Load 
R, =3 kQ, Cy = 2500 pF 


Receivers (C; =50 pF) 


Propagation Delay Time 
Low-to-High 


High-to-Low 
Output Rise Time 


Output Fall Time 
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Vin= +2V 


Figure 1. Power-Off Source Resistance 
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Figure 2. Switching Characteristics 
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Figure 3. Slew Rate Characteristics 


PIN DESCRIPTIONS 


Vcc— DIGITAL POWER SUPPLY (PIN 19) 


The digital supply pin, which is connected to the logic power 
supply. This pin should have a 0.33 »F capacitor to ground. 


GND—GROUND (PIN 2) 


Ground return pin is typically connected to the signal ground 
pin of the EIA-232-D connector (connector pin 7) as well as 
to the logic power supply ground. 


Vpp—POSITIVE POWER SUPPLY (PIN 17) 


This is the positive output of the on-chip voltage doubler 
and the positive power supply input of the driver/receiver 
sections of the device. This pin requires an external storage 
capacitor to filter the 50% duty cycle voltage generated by 
the charge pump. 


Vss— NEGATIVE POWER SUPPLY (PIN 4) 


This is the negative output of the on-chip voltage doubler/ 
inverter and the negative power supply input of the driver/ 
receiver sections of the device. This pin requires an external 
storage capacitor to filter the 50% duty cycle voltage generated 
by the charge pump. 


C2+,C2-, C1—, Ci+ —VOLTAGE DOUBLER AND 
INVERTER (PINS 1, 3, 18, 20) 


These are the connections to the internal voltage doubler 
and inverter, which generate the Vpp and Vssg voltages. 


Rx1, Rx2, Rx3—RECEIVE DATA INPUT (PINS 5, 7, 9) 


These are the EIA-232-D receive signal inputs. A voltage 
between +3 and +25 volts is decoded as a space, and causes 
the corresponding DO pin to swing to ground (0 V). A voltage 
between —3 and —25 volts is decoded as a mark, and causes 
the DO pin to swing up to Vcc. 


DO1, DO2, DO3— DATA OUTPUT (PINS 16, 14, 12) 


These are the receiver digital output pins, which swing from 
Vcc to GND. Each output pin is capable of driving one LSTTL 
input load. | . 


DI1, DI2, DIS—DATA INPUT (PINS 15, 13, 11) 


These are the high-impedance digital input pins to the driv- 
ers. Input voltage levels on these pins must be between Vcc 
and GND. 


Tx1, Tx2, Tx3—TRANSMIT DATA OUTPUT (PINS 6, 8, 
10) 


These are the ElA-232-D transmit signal output pins, which 
swing toward Vpp and Vss. A logic one at a DI input causes 
the corrresponding Tx output to swing toward Vss. A logic 
zero causes the output to swing toward Vpp. The actual levels 
and slew rate achieved will depend on the output loading 
(Rcllcy). 
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Figure 4. 5-Volt 300-Baud Modem with EIA-232-D Interface 
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Figure 5. MC145406/MC145407 5-Volt-Only Solution for 
up to Six EIA-232-D Drivers and Receivers 
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=e SEMICONDUCTOR IIe 
TECHNICAL DATA 


| Advance Information | | 


| 7 CMOS LSI 
BIT RATE GENERATOR 


(LOW-POWER COMPLEMENTARY MOS) 


BIT RATE GENERATOR 


The MC145411 bit rate gerierator is constructed with complementary 
MOS enhancement mode devices. It utilizes a frequency divider net- 
work to provide a wide range of output frequencies. 

A crystal controlled oscillator is the clock source for the network. A 

_two-bit address is provided to select one of four multiple output clock 
rates. 

Applications include a selectable frequency source for equipment in 
the data communications market, such as teleprinters, printers, CRT 
terminals, and microprocessor systems. 


@® Single 5.0 V (+5%) Power Supply 
@ Internal Oscillator Crystal Controlled for Stability (to 4 MHz) 
@ 21 Different Bit Rates 
Nine Different Bit Rate Output Pins 
Programmable Time Bases for One of Four Multiple Output Rates 
50% Output Duty Cycle 
Buffered Outputs Compatible with Low Power TTL . 
Noise Immunity = 45% of Vpp Typical 
Diode Protection on All Inputs 
External Clock May be Applied to Pin 13 
Internal Pullup Resistor on Reset Input 


P SUFFIX 
PLASTIC PACKAGE 
CASE 648 


PIN ASSIGNMENT 


Vpp + 0.5 to 
Vss—0.5 


DC Current Drain per Pin aa ae 


Operating Temperature Range _ 
Storage Temperature Range 


5.25 to —0.5 
10 


Rate Selecta 
Rate Selectg 


Crystaljy This device contains Circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high im- 
pedance circuit. For proper operation it is 
recommended that Vin and Voyt be con- 
Strained to the range Vssgs(Vjn_ or 
Vout) = VDD. 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 


Vss or Vpp). 


Oscillator 
* Circuit 
Crystalout 


Reset 


* See Figure 2 for typical 
crystal oscillator circuits 


* * When Reset =0, outputs F1 thru F8=0, output F9=1. Vpp=Pin 16 


Vss=Pin8 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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ELECTRICAL CHARACTERISTICS 


ear ae 
eae ee 
Output Voltage "0" Level | Voy | 5.0 0.05 = V 
"1" Level 5.0 4.99 _ 4.99 5.0 _ 4.99 ~ V 
Input Voltage V 
(V9 =4.5 or 0.5 V) VIL 1.5 
Wg =0.5 or 4.5 Vde) Vin zs 


Output Drive Current mA 


(VoH=2.5 V) Source IOH 7 
(Vo_=0.4 V)_ Sink loL — 
Input Current 


Pins 13, 14, 15 
Pin 7 


| Input Capacitance (Vj, =0) 


Quiescent Dissipation 


n 


(?) 


on 
io) 


Power Dissipation** t 
(Dynamic plus Quiescent) 
(Cj = 15 pF) 
Output Rise Time** 

tr = (3.0 ns/pF) CL+25 ns 
Output Fall Time** tTHL 5.0 
tf= (1.5 ns/pF) C_+47 ns 


Input Clock Frequency fc ee 
Clock Pulse Width twic) | — | 
Reset Pulse Width twir) | — | 500 | 


tFor dissipation at different external capacitance (C,_) refer to corresponding formula: 
PT(CL = Pp + 2.6x 10—- 3(C, — 15 pF) Vpp2t 
where: PT, Pp in mW, Cy in pF, Vpp in V, and f in MHz. 

**The formula given is for the typical characteristics only. 


=) 


ov 

= = 
> =) 

I pe] 

() (o) 


n 
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TABLE 1A — OUTPUT CLOCK RATES 


TABLE 1B — 1.843 MHz Crystal TABLE 1C — 3.6864 MHz 
Output Rates Output Rates 


Output Rates (Hz) Output Rates (Hz) 


Number x01 


* FQ is buffered oscillator output. *F9 is buffered oscillator output. 
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FIGURE 1 — DYNAMIC SIGNAL WAVEFORMS 
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FIGURE 2 — TYPICAL CRYSTAL OSCILLATOR CIRCUIT 


Reset 


Crystal Specifications 
Crystal Mode 
Frequency 


Temperature Range 
Test Level 
Test Set 


Rate 
A 


Select 
B 


. Bit Rate 
Clock Outputs 


Re= 15 MQ+ 10% 


Parallel 

1.8432 MHz or 3.6864 MHz 
+0.05% @13 pF 

540 Q max 

7.0 pF max 

0 to 70°C 

1 mW 

TS — 330/TSM or Equivalent ° 
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TECHNICAL DATA 


Advance Information 


Pulse/Tone Repertory Dialer 
Low Power Silicon-Gate CMOS 


The MC145412/13 and MC145512 are silicon gate, monolithic CMOS integrated circuits 
which convert keyboard inputs into either pulse or DTMF outputs. They are packaged in a 
standard 18 pin (0.3” wide) plastic DIP. 


@ 3x4 or 4x4 Keyboard Compatibility Which Allows the Use of 2-of-7, 2-of-8, or 
Form A Type Keyboards 

MC145413 Adds Keyboard Selectable Pause Switch Function 

Single Pin Switchable Between DTMF, 10 pps and 20 pps 

500 Hz Tone Signal Output in the Pulse Dialing Mode 

Memory Storage for Ten 18 Digit Numbers, Including Last Number Redial 

Uses 3.579545 MHz Colorburst Crystal 

Telephone Line Powered 

Silicon Gate CMOS Technology for 1.7-5.5 V Low Power Operation 

Stand Alone DTMF Dialer/Stand Alone Pulse Dialer 

Mute Output Used to Isolate Receiver from Dialing Output 

Memory Programming Options by Keyboard Configuration 


BLOCK DIAGRAM 


7 TONE DEBOUNCE COLUMN 
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DECODE 
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LATCH 
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a COUNTER COUNTER 


MC145412 
MiC145413 
MC145512 


PLASTIC 
CASE 707 


Ordering Information 
MC145 X X X X 


P: Plastic 
4 40/60 M/B Ratio 
5 32/68 M/B Ratio 


PIN ASSIGNMENT 


18 [J OTMF OUT 


Vpp-PIN 1 
Vsg=PIN 6 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-443 


MC145412, MC145413, MC145512 


ABSOLUTE MAXIMUM RATINGS (Vss=0 V) 


| Parameter =|‘ Symboll | 

Geamev vee None | onmeen! 
aad) 
te 


Operating Temperature 
Storage Temperature Tstq 
DC Current Drain Per Pin rae ae 


Maximum Voltage 
On Any Pin Relative to Vss 
On Any Pin Relative to Vpp 


Vin1 


Characteristics 


DC Supply Voltage Pulse Mode 
DTMF Mode 


Operating Current Pulse Mode (MS = Vpp) 
DTMF Mode (MS=Vss) 

Memory Retention Voltage 
Memory Retention Current (Vpp = 1.7 V) 
(Vpp =2.5 V) 


Input Voltage, Row/Column/OH “0” Level 
“1"" Level 


Row/Column Input Impedance To Vpp 
To Vss 


OH Pull- ee Resistance 


MS Pin Input Impedance 
Output Sink Current (Vpp =2.5 V) TSO Pin 
MO Pin 
OPL Pin 
(Vpp =4.0 V) MO Pin 


TSO Output Source Current (Voyt=2.0 V) 


Output Leakage Current 


DTMF Output Level Referenced to Vpp/2 Row Tone 
(Vpp=2.5 to 4.0 V, RL=600 2 to Vpp) Column Tone 


DTMF Output Tone Leakage hl lel RL =600 2, 300 to 4000 Hz) 


DTMF Output Sink Current While Dialing Tones 
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SWITCHING CHARACTERISTICS (Ta =25°C, Vpp =2.5 V, Osc. Freq. = 3.579545 MHz, Unless Otherwise Noted) 


Symbo 


Inter-Digit Pause Time .DTMF (Memory Dialing) 


- 


y 


ao] 


sl 
eo 


Pulse 10 pps 
20 pps 


ee eer i 


MS Pin Scan Rate trms kHz 
Make/Break Ratio MC145412/13 
(MS = Open or Vpp) MC145512 
Outpulsing Rate MS = Open 
. MS=Vpp 


MUTE Output (MO) Overlap Time 
TSO Output Frequency 
TSO Output Duration 


DTMF Cycle Time 


Predigit Mute 


MC145512 Pulse 10 pps 


PIN DESCRIPTIONS 


Vpp. Vsg—POWER SUPPLY (PIN 1, PIN 6) 


| DC power is supplied to the part on these two pins, with 
Vpp being the most positive. Permissible ranges are from 1.7 
to 5.5 V. ) 


MS— MODE SELECT (PIN 10) 


The MS pin is a three state input for switching between 
DTMF, 10 pps, and 20 pps dialing modes. Mode selection is 
done during the first key entry debounce period after the dialer 

has completed a dialing sequence or has just come off hook. 
When this pin is not scanned it is high impedance. _ 

This pin is a combination input and weak output. The input 
circuitry has the capability to determine each of these three 
states. When the pin is open the weak driver will be able to 
clock the pin at 1 kHz. The relationship between pin input 
voltage and operating mode is shown in Table 1 below. 


Table 1. Mode Select Options 


[ms | Diaing Mode 
F Open 


10 pps Pulse Dialing 
DTMF Dialing 


OH-ON-HOOK (PIN 12) 


Connecting the OH pin to Vpp, or allowing it to float sets 
the device in the on-hook mode. Connecting this pin to Vss 
selects the off-hook mode. When in the on-hook mode, rep- 
ertory memory can be programmed without a dialing output. 


(Memory Dialing) 
(Keypad Dialing) 


DTMF Frequency Deviation 


MC145412/13 Pulse 10 pps 


tones/s 


+1.0 


20 pps 


20 pps 
DTMF 


ome) - 


TSO—TONE SIGNAL OUTPUT (PIN 7) 


TSO emits 500 Hz tone signals after valid key inputs are 
accepted providing audio feedback for key depressions, except 
when DTMF tones are generated. This pin also outputs a tone 
during on-hook programming. 


DTMF OUT—DUAL TONE MULTIFREQUENCY 
OUTPUT (PIN 18) 


When the MS pin is set to Vgsg the DTMF OUT pin outputs 
tones corresponding to the row and column of the key de- 
pressed. Simultaneously depressing two or more keys in a 
single row (or column) will generate the corresponding row 
(or column) tone on 4x 4 keypad mode only. 

In pulse dialing mode (MS=Vpp or float) and during on- 
hook programming this pin is high impedance. While output- 
ting tones, this pin has a dc bias at (Vpp — Vss)/2. DTMF 
OUT is an open drain output requiring an external pull-up to 
Vpp. This pull-up resistor must satisfy the instantaneous cur- 
rent requirements of the internal feedback network in addition 
to the load applied to the pin. 


OPL—OUTPULSING (PIN 17) 


This pin outputs pulses at 10 pps (MS is open) or 20 pps 
(MS =Vpp). The MC145412/13 have a make/break ratio of 
40/60, while the MC145512 has a make/break ratio of 32/68. 
In the DTMF dialing mode (MS=Vss), this output is high 
impedance. During on-hook programming this pin will not 
outpulse. This pin is an open drain N-channel output which 


pulls low to break the loop current. 


MO— MUTE OUTPUT (PIN 11) 


The Mute Output is an open drain N-channel output that 
pulls to Vss during OPL outpulsing and during off-hook key 
depressions and memory dialing in DTMF mode. 
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KEYBOARD INPUTS—(PINS 2, 3, 4, 5, 13, 14, 15, 16) 


The keyboard inputs allow either a single contact (Class A) 
keyboard, or a standard 2-of-8 or 2-of-7 keyboard with Vss 
tied to common. A valid key entry occurs when either a single 
row is tied to a single column, or a single row and column are 
simultaneously connected to Vss. Connecting pin 2, COL 4,. 
to Vpp sets the part to 3 x 4 keyboard mode. Keyboard mode 
selection is performed during application of power. 

Typical keyboard configurations are shown in Figure 1. 


OSCjn, OSCout (PIN 8, PIN 9) . 
A 3.579545 MHz crystal is required as the frequency ref- 


erence for the on-chip oscillator. Crystal biasing is accom- . 


plished by an internal resistor and capacitors. 


CLASS A (SPST) 


at re 


coL——O oO——ROW Vgs | | 


O—— ROW 


=e oe COL 
so eS 
| Vop ROW 
O-——— ROW | | 
Ws see 


Figure 1. Keyboard Configurations 


STANDARD 2-0F-7 (DPST) 


STANDARD 2-0F-7: (DPST) | Vop 


GENERAL DEVICE DESCRIPTION 


The MC145412/MC145512 and the MC 145413 provide users 
with switchable pulse and DTMF dialing functions. The 
MC145412/MC145512 change dialing modes via the MS pin. 
The MC145413 allows users to switch dialing modes via the 
keyboard in addition to the MS pin. All devices have 10 mem- 
ories, LNR (last number redial) inclusive, each 18 digits long. 

On application of power, there is a 64 ms initialization period 
during which the oscillator is enabled and the keyboard inputs 
are disabled. During initialization COL 4 is scanned to set the 
keyboard mode. If the COL 4 input is high (Vpp) the dialer is 
set to the 3 x 4 keypad mode, otherwise the 4 x 4 keypad mode 
is selected. Changing modes is not possible after this initiali- 
zation period. 

During normal dialing, the oscillator starts when a key is 
depressed. The key input is debounced for 32 ms. During this 
debounce period the RAM and dialing circuits are disabled, 
the mode select pin is scanned to determine the dialing mode 


(either 10 pps, 20 pps, or DTMF). After debounce, the keypad 
entry is checked and the input is latched into LNR memory 
followed by a stop code. This process continues until 18 digits 
have been entered. If a 19th digit is entered, it will over-write 
the first digit and will be followed by a stop code. When dialing, 
the device fetches data from memory until a stop code is 
encountered or 18 digits have been dialed. 

During manual DTMF dialing, a minimum tone duration of 
60 ms DTMF is output and will continuously output in 32 ms 
increments as long as the key is depressed. The DTMF OUT 
pin is designed to drive an external PNP transistor which can 
be used to modulate tip and ring voltage at the DTMF 
frequencies. i | 

If the first key is for redial or recall, the device will respond 
accordingly, either redialing the last number entered, or re- — 
calling and dialing the number selected by a subsequent key 
depression. Responses to dialing sequences for 4x4 key- 
boards are shown in Figure 2, and 3 x 4 keyboard responses 
are shown in Figure 3. 

The MC145412 series can be configured with an external 
battery to provide memory retention power and allow on-hook 
programming of the repertory memory. If the part is in the 
on-hook mode and a key is depressed, the oscillator will start 
and the key entry will be stored in the last number redial 
memory. Dialing outputs will not be activated while the device 
is in the on-hook condition. Dialing inputs will be stored in 
last number redial memory, as during off-hook operation. After 
the number has been entered in the on-hook mode, it can be 
stored in repertory memory. For the 4x 4 keyboard, pressing 
the STORE key (* for 3x 4 keyboard), followed by a digit (1 
through 9) will store the number in the repertory memory 
location specified by the digit. 

The RECALL key for the 4 x 4 keypad is used to recall and 
dial numbers stored in the repertory memory. The digit im- 
mediately following the RECALL key designates the memory 
location of the number to be auto-dialed. For the 4x4 
keyboard, a last number redial can be accomplished if the 
RED/P key (COL 4, ROW 1) is the first key depressed after 
an on-hook to off-hook transition. Otherwise the 
RED/P key will effect a 4 second pause. If the pulse mode is 
selected, redial can be accomplished if the first key depressed 
on a transition to off-hook is #. For the 3 x 4 keyboard, redial 
occurs if the first key depressed is *,0. 

The PAUSE key (COL 4, ROW 2) for the MC145412/ 
MC145512 will cause a 4 second pause. The PAUSE/S key 
(COL 4, ROW 2) is a feature offered on the MC145413. De- 
pressing this key will cause a 4 second delay, and will switch 
dialing modes. PAUSE (and PAUSE/S) is stored in memory 
for pauses (and mode switching) during auto-dialing. 
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MC145412, MC 145413, MC145512 


1. MANUAL DIALING—OFF-HOOK (PULSE OF DTMF MODE) 


ALL DIGITS ENTERED WILL BE STORED IN THE LAST NUMBER REDIAL REGISTER. PRESSING * OR # WILL DIAL OUT THE OTMF SIGNAL IN TONE MODE ONLY. 


2. MANUAL DIALING WITH AUTO ACCESS PAUSE—OFF-HOOK (PULSE OR DTMF MODE) 


@eeee3e 


~< 


eoeoe) DY MC145412/MC145512 ONLY 


eooeel DY PULSE MODE ONLY 


a 
Bla 
ILE 
Bigg 


THE AUTO ACCESS PAUSE WILL NOT OCCUR DURING MANUAL DIALING IN DTMF MODE. IT IS RETRIEVED DURING RECALL OR REDIAL. 


3. STORING NUMBERS INTO MEMORY—ON-HOOK/OFF-HOOK (PULSE OR DTMF MODE) 


A=1-9 MEMORY ADDRESS 


o 
5 
i 
E 


STORE 


THIS OPERATION TRANSFERS THE DIGITS 01 TO DN FROM THE LAST NUMBER REDIAL REGISTER TO AN ADDRESS SPACE SPECIFIED BY “A”. DIALING OUTPUTS ARE 
NOT ACTIVATED DURING ON-HOOK PROGRAMMING. 


4. MEMORY REDIAL—OFF-HOOK (PULSE OR DTMF MODE) 


RECAL ee A=1-9 MEMORY ADDRESS 


5. LAST NUMBER REDIAL—OFF-HOOK (PULSE OR DTMF MODE) 


HAG 


OR 


- 


PULSE MODE ONLY 
REDIALS THE NUMBER THAT WAS PREVIOUSLY ENTERED INTO THE LAST NUMBER REDIAL REGISTER. 

6. PULSE-TO-TONE MODE SWITCH—OFF-HOOK (PULSE OR DTMF MODE) 
[or ]--+-[ ow ] feausess} [ ox ]-+---[ ov | MC145413 ONLY 

7. CASCADED DIALING—OFF-HOOK (PULSE OR DTMF MODE) 
ar ]---++[or eric] [x] iS aus wre 
An SaeeriaE 
WII) [a | paar nera igs WITH MEMORY RECALL 


1077/7, WAT UNTIL PREVIOUS REDIAL OR RECALL SIGNALS HAVE BEEN SENT BEFORE SUBSEQUENT ENTRIES ARE MADE. 
8. SIGNALING * AND # TONES—OFF-HOOK (DTMF MODE ONLY) 


eo OUTPUTS * TONE 
[| OUTPUTS # TONE 


4x 4 KEY MATRIX 
COL 2 


ROW 1 


ROW 2 MC 145413 PAUSE/S KEY FOR PAUSE & 
SWITCHING DIALING MODES 
STORE ROW 3 


RECALL ROW 4 


SEI 
ellallalalt 


CIEE 
Fs 


Figure 2. 4x 4 Keyboard Dialing Sequences 
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malt 


NO 


be | 


. MANUAL DIALING—OFF-HOOK (PULSE OF DTMF MODE) 


ALL KEY ENTRIES, EXCEPT * AND #, WILL BE STORED IN THE LAST NUMBER REDIAL REGISTER. PRESSING > oR # WILL NOT DIAL OUT THE DTMF SIGNAL IN TONE 
MODE. FOR SIGNALING, * OR # SHOULD BE PRESSED TWICE. 


. MANUAL DIALING WITH AUTO ACCESS PAUSE—OFF-HOOK (PULSE OR DTMF MODE) 


cae caleelen eae 
[or ]e----[ow ][ # || DX J-ee+-[_ ov PULSE MODE ONLY 


THE AUTO ACCESS PAUSE WILL NOT OCCUR ON MANUAL DIALING IN DTMF MODE. IT CAN ONLY BE RETRIEVED DURING RECALL OR REDIAL. 


. STORING NUMBERS INTO MEMORY—ON-HOOK (PULSE OR DTMF MODE) 


THIS OPERATION TRANSFERS THE DIGITS D1 TO DN FROM THE LAST NUMBER REDIAL REGISTER TO AN ADDRESS SPACE SPECIFIED BY “A”. 


. MEMORY REDIAL—OFF-HOOK (PULSE OR DTMF MODE) 


[+ ] [a | A=1-9 MEMORY ADDRESS 


. LAST NUMBER REDIAL—OFF-HOOK (PULSE OR OTMF MODE) 


[+ JLo] 


THIS OPERATION REDIALS THE LAST NUMBER ENTERED OFF-HOOK AND RETRIEVES DATA FROM MEMORY ADDRESS 0. 


. PULSE-TO-TONE AND TONE-TO-PULSE SWITCHING—OFF-HOOK (PULSE OR DTMF MODE) 


MODE SELECT (MS) PIN HAS TO BE MANUALLY SWITCHED TO DETERMINE THE DIALING MODE. DIALING MODE SELECTION WITH MANUAL SWITCH IS NOT PROGRAMMED 
INTO THE LAST NUMBER REDIAL MEMORY. 


. CASCADED DIALING—OFF-HOOK (PULSE OR DTMF MODE) 


ee [+ | [a | CASCADE MANUAL DIALING WITH RECALL 
| A= 1-9 MEMORY ADDRESS 
CASCADE MEMORY RECALLS 
ea wie) * | _ Al, A2=1-9 MEMORY ADDRESSES 
CASCADE LAST NUMBER REDIAL WITH MEMORY RECALL 
Ls Le lL} Le] Sta tones 


“7/7777, WA\T UNTIL PREVIOUS REDIAL OR RECALL SIGNALS HAVE BEEN SENT BEFORE SUBSEQUENT ENTRIES ARE MADE. 


. SIGNALING * AND # TONES—OFF-HOOK (DTMF MODE ONLY) 


[+ | [ + | OUTPUTS * TONE 
[ee] outers roe 


3 x 4 KEY MATRIX 
COL 1 COL 2 COL 3 


li J(2) C2] ew 
ER eaika ROW 2 
[7 fe ][e] ws 
[= ]fo |r] wo 


Figure 3. 3x 4 Keyboard Dialing Sequences 
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HOOK SWITCH OFF-HOOK | ON-HOOK 
| 
KEY INPUTS | DIGIT “2” DIGIT “1” REDIAL 


TSO 
(PULSE DIAL) Le If 500 Hz . AM 
TSO. 


| | 
| | 
| | 
(OTMF DIAL) _ ae | 

| 


9.579545 MHz l OSCILLATION OSCILLATION 
| | 250H2 | 


a tees! -__nnnnnnn------- uw 
nT -—sn-——waaM------- MN 


PULSE MODE 


| 
| 
| 
| | | 
| 
| 


DTMF MODE 
DTMF OUT 


MUTE OUT | | | | | | 


Figure 4. Timing Diagram 
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MOTOROLA | _ 
a SEMICONDUQQ, EEE 
TECHNICAL DATA | 


DUAL TUNABLE 
LOW PASS SAMPLED DATA FILTERS 


The MC145414 is sampled data, switched capacitor filter IC intended 
to provide band limiting and signal restoration filtering. It is capable of 
operating from either a single or split power supply and can be 
powered-down when not in use. Included on the IC are two totally un- 
committed op amps for use elsewhere in the system as | to V con- 
verters, gain adjust buffers, etc. 


@ Two General Purpose 5th Order Elliptic Low Pass Filters 
@ Low Operating Power Consumption — 30 mW (Typical) 
@ Power Down Capability — 1 mW (Maximum) 

@ +5 to +8 Volt Power Supply Ranges 

@ TTL or CMOS Compatible Inputs Using VLS Pin 


@ Two Operational Amplifiers Available to Reduce Component 
Count 


@ Useful in LPC or CVSD Speech Applications 


@® Passband Edges Tunable With Clock Frequency From 1.25.kHz to 
10 kHz 


BLOCK DIAGRAM 


Filter A 


Bias and 
Power Down 


hac soll 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


DUAL TUNABLE 
LOW PASS 
SAMPLED DATA FILTERS 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 CASE 648 


PIN ASSIGNMENT 


ORDERING INFORMATION 
MC14XXXX 


L Ceramic Package 
P Plastic Package 


This device contains circuitry to protect 
the inputs against damage due to high 
static voltages or electric fields; however, 
it is advised that normal precautions be 
taken to avoid application of any voltage 
higher than maximum rated voltages to 
this high impedance circuit. For proper 
operation it is recommended that Vin and 
Vout be constrained to the range 
VssslVin or Vout) <= VDD. 

Unused inputs must always be tied to 
‘an appropriate logic voltage level (e.g., 
either Vss or Vpp). 
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MAXIMUM RATINGS (Voltages referenced to Vss) 


Operating Temperature Range 


Storage Temperature Range — 65 to 150 


RECOMMENDED OPERATING CONDITIONS 
Parameter | Symbol | Min | Typ 
DC Supply Voltage 
Clock 1, 2 Frequency | CLK 1,2 { 50 | 128 


DIGITAL ELECTRICAL CHARACTERISTICS (Vss=0 V) 
Characteristic 


Operating Current 
Power-Down Current (PDI=Vss) 


n 
2 = 
3 oy 

o 

< 


Input Capacitance 
MODE CONTROL LOGIC LEVELS 


VLS Power-Down Mode 


VLS TTL Mode 


< < 
Tt ri 
— a pa ee a ee — ae 
1 RO FON BRO TO BR EO RDO 
—__ od 
> OU 
a ae 
re 
no 


VLS CMOS Mode ~ VIL 


VAG Power-Down Mode 


VAG Analog-Ground Mode Vib reese - 
CMOS LOGIC LEVELS (Vi s=Vss) 
Input Current Clock 1, 2 “1” Level 
(Internal Pulldown Resistors) “0” Level 
Input Voltage Clock 1, 2 “0"’ Level 
“1 Level 


Input Current Clock 1, 2 “1” Level i 
(Internal Pulldown Resistor) 0" Level as 
Input Voltage Clock 1, 2 "0’’ Level VIL 
“1” Level VIH 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp = 12 V) 


eS | | Typ __| Max| 


Input Current . : Ain, Bin lin +0.00001 }+1.0 


AC Input Impedance (1 kHz) 


Input Common Mode Voltage Range Ain, Bin. +A, —A, +B, -B 10.0 
input feet Curent RA EBT Ip] ane 
Pingut Bis Curent AHAB Up =] 2010 a1 oA | 
input Offset Voltage +Ato-A,+Bto-B | Vip | — | 


Output Voltage Range 
(Ry =20 k2 to VAG, Rg =o) 

(Ry =600 © to VAG, Rgp=1.6 kQ to Vpp) 
(Ri =900 2 to VAG, Rgp=1.8 k@ to Vpp) 


Small Signal Output Impedance (1 kHz) . Aout ales awl 
Bout 


Output Current _ 
(Vo= 10.5 V) Aout, Bout, AO, BO 
(Vo=1.5V) - Aout, Bout, AO, BO 


’ Unity Gain Output Noise AO, BO 


FILTER A SPECIFICATIONS 
(Vpp- Vss=12 V, Clock 1, 2= 128 kHz, Vin = — 10 dBm0, full scale= +3 dBm0, 7 V p-p) 


| . Characteristic 


Gain (1020 Hz) 
Passband Ripple (50 Hz to 3000 Hz) 
Out of Band Response 

3400 Hz 

4000 Hz-4600 Hz 

4600 Hz-64 kHz | 
Output Noise (Aj, = VAG) in 
Dynamic Range 

' Differential Group Delay 

1150 to 2300 Hz Delay 

1000 to 2500 Hz Delay 

800 to 2700 Hz Delay 
Power Supply Rejection Ratio (Vpp= 12 V +0.1 VRMS @ 1 kHz) 


Characteristic 


Gain (1020 Hz) 
Passband Ripple (300 Hz to 3000 Hz) i 0.22 | 1.0 


Response 
3400 Hz 
4000 Hz-4600 Hz 
4600 Hz-64 kHz 


Output Noise (300 Hz-3400 Hz) ; | -~ | 8 | 
Dynamic Range (7 V p-p Max) 87 


Differential Group Delay E 


He 
Els 
-— {0 
on 


1150 to 2300 Hz Delay 
1000 to 2500 Hz Delay 
800 to 2700 Hz Delay 


Crosstalk (Bj; = VAG, Ajn= OdBm0 @ 3 kHz Output at Boyt @ 3 kHz) 


Power Supply Rejection Ratio 
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SWITCHING CHARACTERISTICS (Vpp — Vsg =10 V, Ta=25°C) 


Input Rise Time — 
Input Fall Time 


Pulse Width 


FUNCTIONAL DESCRIPTION OF PINS 


Pin 1 — VaG (Analog Ground) 


This pin should be held at approximately (Vpp-VeEE)/2. All 
analog inputs and outputs are referenced to this pin. If this 
pin is brought to within approximately 1.0 V of Vpp, the 
chip will be powered down. 


Pin2— +A 
Non-inverting input of op-amp A. 


Pin3 — —A 
Inverting input of op-amp A. 


Pin 4 — AO 

Output of uncommitted op-amp A. 
Pin 5 — BO 

Output of uncommitted op-amp B. 


Pin6 — —B 
Inverting input of op-amp B. 


Pin7— +B 
Non-inverting input of op-amp B. 


Pin 8 — Vss 
This is the most negative supply pin and digital ground for 
the package. 


Pin 9 — VLS (Logic Shift Voltage) 
The voltage on this pin determines the logic compatibility 


tor the Ciock i, 2 inputs. if Vis is within 0.8 V of VSs, the 
thresholds will be for CMOS operating between Vpp and 
Vss. If VLS is within 1.0 V of Vpp, the chip will power 
down. If VLS is between Vpp-2 V and Vss+2 V, the 
thresholds for logic inputs at Clock 1, 2 will be between 
Vis+0.8 V and VLS+2.0 V for TTL compatibility. 


Pin 10 — Clock 1 
Always tie clock 1 and clock 2 together. 


Pin 11 — Clock 2 
Always tie clock 1 and clock 2 together. 


Pin 12 — Bout (Lowpass Filter B) 
This is the output of B lowpass filter. 


Pin 13 — Bjn (Lowpass Filter B) 
This is the input to filter B. 


Pin 14 — Aout (Low pass Filter A) 
This pin is the output to filter A. 


Pin 15 — Ajn (Lowpass Filter A) 
This is the input to filter A. 


Pin 16 — Vpp 
Nominally 12 volts. 


NOTE: Both VAG and VLS are high-impedance inputs. 


FILTER DESCRIPTION 


FILTER A DESCRIPTION 


Filter A of the MC145414 is a 5-pole elliptic tunable 
lowpass filter operating at a sampling rate determined by 
clock 1 and clock 2. This filter provides band limiting that is 
a direct function of clock 1 and clock 2. With a 128 kHz 
clock, the band limiting frequency is 3.6 kHz. By dividing the 
clock in half to 64 kHz, the band limiting frequency is cut in 
half to 1.8 kHz (as illustrated in Figure 1). Likewise by dou- 
bling the clock, the cutoff point will double (as illustrated in 
Figures 3 and 4). The clock frequency can be varied from 
50 kHz to 400 kHz. Filter A, unlike filter B, has a gain of 18 
db. Because the MC145414 is a switch capacitance filter, the 
sampled output signal will have switching noise present near 
multiples of the switching frequency; a single-pole RC filter 
may be required to reduce this. 

To provide 50/60 Hz and 15 Hz rejection, a 3-pole 
Chebychev highpass filter can be externally realized with the 
MC 145414 by using the uncommitted op-amps as an active 
filter. This is shown in Figure 5 and 6. 


FILTER B DESCRIPTION 

Filter B in the MC145414 consists of a 5-pole elliptic 
tunable lowpass filter operating at a sampled rate determined 
by clock 1 and clock 2. Filter B is functionally similar to filter 
A, except filter B has unity gain. 


Clock 1 and 2 

Logic levels of these signals can be either TTL or CMOS 
compatible. Choice of logic level can be user determined by 
applying the appropriate voltage to the level shift control pin, 
VLS. Clock 1, 2 pins should be tied together. 


Power Down 

The MC145414 may be powered down by bringing VAG to 
within 1.7 V of Vcc or by bringing VLS to within 1.7 V of 
VDD 
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FIGURE 1 — FILTER A AND B LOWPASS CHARACTERISTICS — 
WITH CLOCK 1 AND 2 AT 64 kHz 


SU EEINIGENTTABEIRTEE 
TT TTT vee Pt TTT 
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nN 
IT Ae 
vo ETT a 
ag LE LUE AUT 


0.1k 1k 10 k 100 k 
fin, INPUT FREQUENCY (Hz) 


d | 
“ail 
4 | 
6 

al 
it 


AANASSASSANSA SSA 


4 LiL SAY 


si nine 


Vout!Vin. RATIO OF INPUT versus OUTPUT (dB) 


nN 


IGURE 3 — FILTER A AND B LOWPASS CHARACTERISTICS 
WITH CLOCK 1 AND 2 AT 256 kHz 
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FIGURE 2 — FILTER A AND B LOWPASS CHARACTERISTICS 
WITH CLOCK 1 AND 2 AT 128 kHz 
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FIGURE 4 — FILTER A AND B LOWPASS CHARACTERISTICS. 
WITH CLOCK 1 AND 2 AT 400 kHz 
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FIGURE 5 — FILTER SCHEMATIC FOR MC145414 WITH 60 Hz REJECT FILTER 


R1 
Cl C2 5 
4 13 12 
Bout 
a 3 C4 
High Zin 7 Vp-p A Low Pass 
R2 R3 RA 
VAG VAG 
LowZout 7VPp-P j 
14 15 
Aout Ain 
B Low Pass 
C1, C2, C3. 4700 pF +1% 
C4 0.2 pF — 20% + 80% 
R1 12 kKQ YW 1% 
R2 620 kQ %W 1% 
R3 223 kD %W 1% 
R4 100 kQ “ZW 10% 


NOTE: In noisy environment, R1-R4 should be 10 kQ or less to minimize pickup. 


AD0318 


FIGURE 6 — FILTER SCHEMATIC FOR MC145414 WITH 60 Hz REJECTION AND 900 TERMINATION 


R1 
2 
C3 ; C4 
4 13 1 
” ma | a 

Zin = 900 2 A Low Pass 
Vin Max= +3 dBm $10 R2 RG R3 1 R4 

VAG 


VAG 
VDD 
Zout = 900 Q R8 
Vout Max= +3 dBm RQ ; 14 15 " 
in 
ane 5 R7 
ou = 


C1, C2, C3. 4700 pF +1% R6 169 kQ *ZW 1% 
C4 0.2 pF —20% +80% R7 24kKN “AW 1% 
R1 236 kKQ “ZW 1% . R8 33kQ 4W 1% 
R2 294 kD AW 1% RQ 1.8kQ ZW 10% 
R3 223 kQ *W 1% R10 9002 *%W 1% 
R4 100 kQ %W 10% R11 9002 %*W 1% 
R5 200 kn *W 1% 


AD0319 


NOTE: In noisy environment, R1-R4 should be 10 kQ or less to minimize pickup. 
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viva HOIAgG SNOLLVOINNNWOOSA TAL VIOHOLOW 


FIGURE 7 — DELTAMOD VOICE DIGITIZER USING MC3417 AND MC145414 


Analog Input +12 


MC3417/8 | 


MC145414 


Analog 
Output 


R12 


NOTES: 
1. Ajn has a gain of 18 dB. Max Vin before clipping is 1 Vp-p. — 
2. Clock must be full Vpp to Vsg swing. 
3. Digital 1/0 on MC3417/18 is TTL compatible. 


Encode/ Decode 


Bit Rate Clock 
12 kHz.to 32 kHz 


Digital Input 


Digital Output 


128 kHz 


47 kQ 5% 
5.1 kO 5% 
10 kQ 5% 
200 2 

1 ka 
4.7 kQ 

22 M 

2 kQ 
10 ko 

2 kQ 


VLYSPLOIN 


MOTOROLA 
ae SEMICONDUCTOR oI 
TECHNICAL DATA 


Advance Information 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


DUAL TUNABLE LINEAR PHASE LOW-PASS 
SAMPLED DATA FILTERS 


DUAL TUNABLE 
LINEAR PHASE LOW-PASS 


The MC145415 is sampled data, switched capacitor filter |C intended SAMPLED DATA FILTERS 
to provide band limiting and signal restoration filtering. It is capable of 


operating from either a single or split power supply and can be 
powered-down when not in use. Included on the IC are two uncommit- 
ted comparators for use elsewhere in the system. 


Two Linear Phase 5th Order Low-Pass Filters 

Low Operating Power Consumption — 20 mW (Typical) 
+2.5 to +8 Volt Power Supply Ranges 

CMOS Compatible Inputs Using Vpg Pin L SUFFIX — P SUFFIX 
Two Comparators Available to Reduce Component Count ee bert 
Useful in High Speed Data Modem Applications tar . 


Pass-Band Edges Tunable With Clock Frequency from 1.25 kHz to 
10 kHz 


PIN ASSIGNMENT 


BLOCK DIAGRAM 


ORDERING INFORMATION 


MC14XXxx 
Filter A 


L Ceramic Package 
P Plastic Package 


This device contains circuitry to protect 
the inputs against damage due to high 
Static voltages or electric fields; however, 
it is advised that normal precautions be 
taken to avoid application of any voltage 
higher than maximum rated voltages to 
this high impedance circuit. For proper 
operation it is recommended that Vj, and 
Vout be constrained to the range 
Vss (Vin or Vout) = VpDD. 

Unused inputs must always be tied to 
an appropriate logic voltage level (e.g., 
either Vss or Vpp). 


VpoG=Pin9g 
Vpp = Pin 16 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS (Vgg =0) 


DC Supply Voltage VDD" Vss —0.5 to 18 
Input Voltage, All Pins —0.5 to Vpp +0.5 


Cc 
EEEEEG 


DC Current Drain per Pin (Excluding Vpp, Vss) ee a eee 
Operating Temperature Range — 40 to 85 
Storage Temperature Range — 65 to 150 


RECOMMENDED OPERATING CONDITIONS 
ILS Ee eee Deas eae Meee Ges SOA 


* Filter frequency response may degrade slightly as clock frequency is increased above 200 kHz. 


x 
a< 
N 


00 
> 
E 


DIGITAL ELECTRICAL CHARACTERISTICS (Vpp=10 V, Vss=0 V, VaG=Vpp/2, Ta= — 40 to 85°C) 


[C1 ec aN Il CaN | 
a rs a 
[Input Low Voltage (Pins ——SSSSSC*d S| «dC 05 1V0 Vo | 
Vin [07% Vpp=Vos#Voo] = LV 
aeneasiamens = ame ee em 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp=12 V, Vss=0, VaG=Vop/2, TA= —40 to 85°C) 


Input Current 

AC Input Impedance (1 kHz) 

Input Common Mode Voltage Range 
Input Offset Current 

Input Bias Current 


Input Offset Voltage 


Output Voltage Range 
(Rj =20 kQ to Vac, RR= &) 
(R, = 900 0 to Vac, Rg=1.8 kQ to Vpp) 
(R, =600 kQ to Vac, Rg=1.6 kQ to Vpp) 


Small Signal Output Impedance (1 kHz) 


Output Current 
(Vo =10.5V) Aout: Bout 
(VO =1.5V) Aout: Bout 
Comparator Output Current 
(VQ =9.5 V) 
(VQo=0.5 V) 


Characteristic 
Gain (300 Hz) 


Responses (Ref. 300 Hz) 
2400 Hz 
4800 Hz 


Idle Noise (Ajnp= VAG, Ref. to 600 Q) 3 
Dynamic Range (Full Scale Output/idle Noise) 7 
Deviation From Linear Phase dc to 2400 Hz 


Power Supply Rejection Ratio (Vpp=12 V +0.1 Vans @ 1 kHz) . 
Crosstalk (Ain = VAG, Bin=0 dBm0, Output at Agut at 3 kHz) 
Ty 


FILTER B SPECIFICATIONS (Vpp- Vss= 12 V, Clock = 153.6 kHz, Vin =0 dBm0, full scale= +3 dBm0, 7 V p-p, Ta= — 40 to 85°C) 


GO ee eo 


Response (Ref. 300 Hz) 
+2400 Hz 
4800 Hz 


[ Idle Noise (300 Hz, Reftosoom) 
[Dynamic Range (Full Scale Output/idieNowe) ———SOSCSC~—~—‘“s*S*~“‘~*~*S*~‘“‘“~*~‘—~*~*~wSCSS TiC 
[Bewiation From Linear Phase (do to 00H) —————SSCSSSCSCSCSCSCSC~i SY | | roo 
[Power Supply Rejection Ratio (Vop=12V +01 Vams@iea —SSSCSCSC~*dC id 

Crosstalk (Bin = VAG, Ain=O dBm0 @ 2 kHz, Output at Boyt) 1 - | 6 {| - {| B | 
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SWITCHING CHARACTERISTICS (Vpp- Vss=12 V, Ta= — 40 to 85°C) 


FUNCTIONAL DESCRIPTION OF PINS 


Vpp (PIN 16) 
Positive supply pin. 


Vss (PIN 8) 
This is the most negative supply pin. 


VAG, ANALOG GROUND (PIN 1) 


This pin should be held at approximately (Vpp — Vss)/2. 
All analog inputs and outputs are referenced to this pin. 


+A (PIN 2) 
Non-inverting input of comparator A. 


— A (PIN 3) 
Inverting input of comparator A. 


AO (PIN 4) 


Output of comparator ‘A. This is a standard ‘B’ series 
CMOS output. a 


BO (PIN 5) 


Output of comparator B. This is a standard ‘B’ series 
CMOS output. 


—~ B (PIN 6) 
Inverting input of comparator B. 


+B (PIN 7) 
Non-inverting input of comparator B. 


VpG, DIGITAL GROUND (PIN 9) 


This pin is logic ground reference for the CLK and LOOP 
pins. 


CLK, CLOCK (PIN 10) 


This is the clock input that determines the location of the 
cutoff frequency of the filters as given below: 


—3 dB frequency=fcLK + 64 


LOOP (PIN 11) 


When this pin is high, the input to filter A is disconnected 
from the pad and shorted to the filter B output pin. With this 
pin low, the loop back mode is disabled. 


Bout, LOW-PASS FILTER B OUTPUT (PIN 12) 
This is the output from Filter B. 


Bin, LOW-PASS FILTER B INPUT (PIN 13) 
This is the input to filter B. 


Aout, LOW-PASS FILTER A OUTPUT (PIN 14) 
This pin is the output from Filter A. 


Ain, LOW-PASS FILTER A INPUT (PIN 15) 
This is the input to Filter A. 


NOTE: VG is a high-impedance’ input. 


FILTER DESCRIPTION 


FILTER A DESCRIPTION 


Filter A of the MC145415 is a 5-pole tunable linear phase 
low-pass filter operation at a sampling rate determined by 


the clock. The break frequency, which is a function of the 


clock, is calculated by dividing the input clock frequency by 
64. With a 128 kHz clock, the band limiting frequency is 2 
kHz. By dividing the clock in half to 64 kHz the band limiting 
frequency is cut in half to 1 kHz. Likewise, by doubling the 
clock, the cutoff point with double in frequency. The clock 
frequency can be varied from 50 kHz to 400 kHz. Filter A, 
unlike filter B, has a gain of 18 dB. Because the MC145415 is 
a switch capacitance filter, the sampled output signal will 
have switching components present near multiples of the 
switching frequency and inputs to these filters should be 
band-limited to under ~ 3/4 fcLk to prevent aliasing. 


FILTER B DESCRIPTION 


Filter B in the MC145415 consists of a 5-pole tunable linear 
phase low-pass filter operating at a sampled rate determined 
by the clock. Filter B is functionally similar to filter A, except 
filter B has unity gain. 
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FIGURE 1 — FILTER A AND B LOW-PASS CHARACTERISTICS 


GAIN versus FREQUENCY PHASE versus FREQUENCY 
(feLK = 153.6 kHz) (fCLK = 153.6 kHz) 
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NOTES: 1. Break frequency is equal to the clock frequency + 64. 
2. Figure 1 illustrates Filter B performance. 
Filter A would be 18 dB higher. 


FIGURE 2 — TEST CIRCUIT 
+ 


0.1 pF 


‘Filter A and B Inputs 


Filter A Output 
900 2 
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Filter B Output 


CLK Input 
153.6 kHz 
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TECHNICAL DATA 


Product Preview 


Tone/Pulse Repertory Dialer 


with Flash 
HCMOS 


The MC145416 is a member of the Motorola HCMOS dialer family. In addition to PLASTIC 
the necessary basic features of pulse, tone, or mixed dialing, and 10 x 18 memories CASE 738 
inclusive of LNR, it provides the advanced features of flash, 3 x 18 dedicated memo- 
ries, signal output inhabited during memory storage, note pad programming, and 
convenient operation sequence by 5 x 4 keyboard interface. 

The power-on memory reset has the highest priority if the voltage drops below 
the minimum voltage level, regardless of hook switch status, to ensure no wrong | PIN ASSIGNMENT 
data in memory content. 

The pin-out is compatible with other members of dialer family except the addi- 
tional two pins at one end of the device (pins 1 and 20). 

Options: MC145416-1 40/60 make-break ratio with indefinite pause 

MC145416-2 33/67 make-break ratio with 4 ms pause 
Other feature combinations can be done as a special part upon customer request. 


19 [] DTMF OUT 


This document contains information on a product under development. Motorola reserves the right to change or discontinue this product without notice. 
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Advance Information MC145419 
Digital Loop Transceivers (DLT) 


The MC145418 and MC 145419 DLTs are high-speed data transceivers that provide 
80 kbps full duplex data communication. Intended primarily for use in digital subscriber 
voice/data telephone systems, these devices can also be used in any digital data transfer 
scheme (i.e., limited distance modems) where bidirectional data transfer is needed. These 
devices utilize a 256 kilobaud “‘squared’’ modified - DPSK burst modulation technique for 
transmission. 

These devices are designed for compatibility with existing, as well as evolving, telephone 
switching hardware and software architectures. . 

The DLT chip set consists of the MC145418 master DLT for use at the telephone switch 
linecard and the MC145419 slave DLT for use at the remote digital telset and/or 
data terminal. 

The devices employ CMOS technology in order to take advantage of its reliable low- 
power operation and proven capability for complex analog/digital LSI functions. 


@ Provides Full Duplex Synchronous 64 kbps Voice/Data Channel and Two 8 kbps 
Signalling/Data Channels 

Compatible with Existing and Evolving Telephone Switch Architectures anc 

Signalling Schemes 

Full Duplex 80 Kilobits Transmission for an 8 kHz Frame Rate 

Protocol independent | 

Single 5 Volt Power Supply 

22 Pin Package 


MC 145418 Master DLT 


@ Pin Controlled Power-Down Feature 
@ Signalling and Control |/O Capable of Sharing Common Bus Wiring with Other DLTs 5 
@ Variable Data Clock - 64 kHz to 2.56 MHz ; MC 145418 - 
@ Pin Controlled Insertion/Extraction of 8 kbps Channel into LSB of 64 kbps Channel 
for Simultaneous Routing of Voice and Data Through PCM Voice Path 
of Telephone Switch 


MC 145419 Slave DLT 


@ Compatible with MC14400 Series PCM Mono-Circuits 

Pin Controlled Loop-Back Feature 

Automatic Power-Up/Down Feature 

On-Chip Data Clock Recovery and Generation 

Pin Controlled 500 Hz D3 or CCITT Format PCM Tone Generator for Audible Feedback 
Applications 


5 18 
MC 145419 
6 7 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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MC 145418 MASTER DLT BLOCK DIAGRAM 
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21 
DO 


20 


MEO 


X2 


X1 


SYN 


MC145419 SLAVE DLT BLOCK DIAGRAM 
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CONTROL 
TONE 
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Rx 


RE1 


Mu/A 


MC145418, MC145419 


ABSOLUTE MAXIMUM RATINGS (Voitage Referenced to Vss) 


[oc curent Any Pn scene vop veg} 1 | 10 ma 


Operating Temperature ht: AD, | _ -40to +85 
Storage Temperature -85 to +150 


RECOMMENDED OPERATING CONDITIONS (Ta = 0 to 70°C) 


3 ae 


MC 145418 - MC 145419 Frame Rate Slip (See Note 1) 


CCI Clock Frequency (MSI = 8 kHz) 


Modulation Baud Rate (See Note 2) 


NOTES: 


1. The MC145419 crystal frequency divided by 512 must equal the MC145418 MSI frequency + 0.25% for optimum operation. 
2. Assumes crystal frequency of 4.096 MHz for the MC145419 and 2.048 MHz CCI for the MC 145418. 


DIGITAL CHARACTERISTICS (Vpp = 5 V, Ta = Oto 70°C) 


Came dS 
eoutowtewt 


Output High Current (Except Tx on MC 145418 


and Tx and PD on MC145419) VOH = 4.6 V -0.36 
Output Low Current (Except Tx on MC145418 VoL =0.4V ~ 0.36 mA 
and Tx and PD on MC145419) ~ VoL =0.8V 08. 


PD Output High Current (MC145419) VOH=2.5V 
(See Note 5) VOH = 4.6V 


PD Output Low Current (MC145419) VoL = 0.4V 60 uA 
(See Note 5) 100 


Tx Output High Current 


Tx Output Low Current 


Tx Input Impedance (TE1 = Vgs, MC145418) | 100 
Crystal Frequency (MC145419) (See Note 3) 
PCM Tone (TE = Vpp, MC145419) 


Three-State Current (SO1, SO2, VD, Tx on MC 145418, Tx on MC 145419) 


X2 - Oscillator Output High Drive Current (MC 145419) VOH = 4.6V 
(See Note 4) 


X2 - Oscillator Output Low Drive Current (MC 145419) 
(See Note 4) 


VoL =0.4V 


NOTES: 
3. The MC145419 crystal frequency divided by 512 must equal the MC 145418 MSI frequency +0.25% for optimum performance. 
4. Output drive when X1 is being driven from an external clock. 
5. To overdrive PD from a low level to 3.5 V or a high level to 1.5 V requires a minimum of +800 pA drive capability. 
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MC 145418 SWITCHING CHARACTERISTICS (Vpp = 5 V, Ta = 25°C, Cy = 50 pF) 


Parameter 


Propagation Delay Time 
MSI to SO1, SO2, VD (PD = Vpp) 
TDC to Tx 


Rx to TDC/RDC Setup Time 
Rx to TDC/RDC Hold Time 
SI1, SI2 to MSI Setup Time 
Si1, SI2 to MSI Hold Time 


Parameter 
Input Rise Time All Digital Inputs 
Input Fall Time All Digital Inputs 
Clock Output Pulse Width CLK 


ee 
ie 
ood 
Pa 
aaa 

7 

7 

8 

8 

8 

9 

9 
[ees 
a 
Ee 


tw/(H,L) 


Crystal Frequency 


Propagation Delay Times 
TE1 Rising to CLK (TE = Vpp) 
TE1 Rising to CLK (TE = Vss) 
CLK to TE1 Falling 
CLK to RE1 Rising 
RE1 Falling to CLK (TE = Vpp) 
RE1 Falling to CLK (TE = Vgs) 
CLK to Tx 
TE1 to SO1, SO2 


Rx to CLK Setup Time 

Rx to CLK Hold Time 

SI1, SI2 to TE1 Setup Time 
SI1, SI2 to TE1 Hold Time 
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TIMING DIAGRAMS 


TEI (MC145419) 
OR 
MSI (MC 145418) 


CLK, TOC/ROC, 
RE1, CCI, MSI 


Figure 1 S!1, S12 
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SYN 
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Figure 11 


MC 145418 MASTER DLT PIN DESCRIPTIONS 


Vpp — POSITIVE SUPPLY 
Normally 5 volts. 


Vss — NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally O volts. 


DI — DATA INPUT 


This input to the demodulator circuit should be a squared 
and limited version of the received line signal. (See Figure 15.) 


SYN — SYNC INPUT 


This input to the demodulator circuit should be a signal 
which is high when signal energy is detected on the line. (See 
Figure 14 for typical line interface circuit.) 

This signal should be the output of a window comparator 
with a threshold of approximately 40% of the smallest 
received line signal. (See Figure 15.) 


NC — NO CONNECTION 
This pin is not available for use and should be left floating. 


VD — VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission 
has been demodulated. A valid transmission is determined by 
proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of MSI when PD is high. 
When PD is low, VD changes state at the end of demodulation 
of a line transmission. VD is a standard B-series CMOS output 
and is high impedance when SE is held low. 


SI1, SI2 — SIGNALING BIT INPUTS 


Data on these pins is loaded on the rising edge of MSI for 
transmission to the slave. The state of these pins is internally 
latched if SE is held low. 


$01, SO2 — SIGNALING BIT OUTPUTS 


These outputs are received signaling bits from the slave DLT 
and change state on the rising edge of MSI if PD is high, or at 
the completion of demodulation if PD is low. These outputs 
have standard B-series CMOS drive capability and are high 
impedance if the SE pin is held low. 


SE — SIGNAL ENABLE INPUT 


if held high, the PD, SI1, SI2, and SIE inputs and the SO1, 
SO2, and VD outputs function normally. If held low, the states 
of these inputs are latched and held internally while the 


outputs are high impedance. This allows these pins to be 
bussed with those of other DLTs to a common controller. 


PD — POWER-DOWN INPUT 


If held low, the DLT ceases modulation. In power-down, the 
only active circuitry is that which is necessary to demodulate 
an incoming burst and output the signal and valid data bits. 
Internal data transfers to the transmit and receive registers 
cease. When brought high, the DLT powers up, and waits 
three positive MSI edges or until the end of an incoming 
transmission from the slave DLT and begins transmitting 
every MSI period to the slave DLT on the next rising edge of 
the MSI. 


MSI — MASTER SYNC INPUT 


This pin is the master 8 kHz input system sync and inititates 
modulation. MSI should be approximately leading-edge 
aligned with TDC/RDC. 


SIE — SIGNAL INSERT ENABLE 


This pin, when held high, inserts signal bit 2 received from 
the slave into the LSB of the outgoing PCM wordat Tx and will 
ignore the Si2 pin and use in its place the LSB of the incoming 
PCM word at Rx for transmission to the slave. The PCM word 
to the slave will have its LSB forced low in this mode. In this 
manner, signal bit 2 to/from the slave DLT is inserted into the 
PCM words the master sends and receives from the back- 
plane for routing through the PABX for simultaneous voice/ 
data communication. The state of this pin is internally latched 
if the SE pin is brought and held low. 


TE1 — TRANSMIT DATA ENABLE 1 INPUT 


This pin controls the outputting of data on the Tx pin. While 
TE1 is high, the Tx data is presented on the eight rising edges 
of TDC/RDC. TE1 is also a high-impedance control of the Tx 
pin. If MSI occurs during this period, new data will be 
transferred to the Tx output register in the ninth high period of 
TDC/RDC after TE1 rises; otherwise, it will transfer on the 
rising edge of MS!. TE1 and TDC/RDC should be approxi- 
mately leading-edge aligned. 


Tx — TRANSMIT DATA OUTPUT 


This three-state output pin presents new voice data on the 
rising edges of TDC/RDC when TE11 is high. (See TE 1.) 


CCl — CONVERT CLOCK INPUT 


A 2.048 MHz clock signal should be applied to this pin. This 
Signal is used for internal sequencing and control. This signal 
should be coherent with MSI for optimum performance but 
may be asynchronous if slightly worse error rate performance 
can be tolerated. 


TDC/RDC — TRANSMIT/RECEIVE DATA CLOCK 


This pin is the transmit and receive data clock and can be 
64 kHz to 2.56 MHz. Data is output at the Tx pin while TE1 is 
high on the eight rising edges of TDC/RDC after the rising 
edge of TE1. Data on the Rx pin is loaded into the receive 
register of the DLT on the eight falling edges of TDC/RDC after 
a positive transition on RE1. This clock should be approxi- 
mately leading-edge aligned with MSI. 
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Rx — RECEIVE DATA | 


Voice data is clocked into the DLT from this pin on the falling 
edges of TDC/RDC under the control of RE1. 


RE1 — RECEIVE DATA ENABLE 1 INPUT 


Arising edge on this pin will enable data on the Rx pin to be 
loaded into the receive data register on the next falling edges 
of the data clock, RDC. RE1 and RDC should be approximately 
leading-edge aligned. 


DO — DATA OUTPUT 


This B-series output is the square wave Modified - DPSK 
modulation waveform to be externally buffered and applied to 
the line. This output is valid only when the MEO output pin is 
high and is undefined while MEO is low. The external line 
driver should drive the line ina tri-level manner, controlled by 
DO and MEO as shown in Figure 15. — 


MEO — MODULATION ENABLE OUTPUT 


This pin, when high, defines the valid data at the DO pin to 
be valid. 


MC145419 SLAVE DLT PIN DESCRIPTIONS 


Vppb — POSITIVE SUPPLY 
Normally 5 volts. 


Vss — NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally O volts. 


DI — DATA INPUT 


This input to the demodulator circuit should be a squared 
and limited version of the received line signal. (See Figure 15.) 


SYN — SYNC INPUT 


This input to the demodulator circuit should be a signal 
which is high when signal energy is detected on the line. (See 
Figure 14 for typical line interface circuit.) 

This signal should be the output of a window comparator 
with a threshold of approximately 40% of the smallest 
received line signal. (See Figure 15.) 


LB — LOOP-BACK CONTROL 


When this pin is held low and PD is high (the DLT is 
receiving transmissions from the master), the DLT will use the 
eight bits of demodulated PCM data in place of the eight bits of 
Rx data in the return burst to the master, thereby looping the 
part back on itself for system testing. SI1 and SI2 operate 
normally in this mode. CLK will be held low during loop-back 
operation. 


VD — VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission 
has been demodulated. A valid transmission is determined by 
proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of TE1. If no transmissions 
from the master have been received in the last 250 us (derived 


from the internal oscillator), VD will go low without TE1 rising 
since TE1 is not generated in the absence of received 
transmissions from the master. (See TE pin description for the 
one exception to this.) 


S11, SI2 — SIGNALING BIT INPUTS 


Data on these pins is loaded on the rising edge of TE1 for 
transmission to the master. If no transmissions from the 
master are being received and PD is high, data on these pins 
will be loaded into the part on an internal signal. Therefore, 
data on these pins should be steady until synchronous 
communication with the master has been established, as 
indicated by the high on VD. 


$01, SO2 — SIGNALING BIT OUTPUTS 


These outputs are received signaling bits from the master 
DLT and change state on the rising edge of TE1. These outputs 
have standard B-series CMOS output drive capability. 


PD — POWER-DOWN INPUT/OUTPUT 


This is a bidirectional pin with weak output drivers such that 
it can be overdriven externally. When held low, the DLT is 
powered down and the only active circuitry is: that which is 
necessary for demodulation, TE1/RE1/CLK generation upon 
demodulation: the outputting of data received from the master 
and updating of VD status. When held high, the DLT is 
powered up and transmits in response to received trans- 
missions from the master. If no received bursts from the 
master have occured when powered up, for 250 us (derived 
from the internal oscillator frequency), the DLT will generate a 
free running 125 us internal clock from the internal oscillator 
and will burst a transmission to the master every other 
internal 125 us clock using data on the SI1 and Sl2 pins and 
the last data word loaded into the receive register. The weak 
output drivers will try to force PD high when a transmission 
from the master is demodulated and will try to force it low if 
250 us have passed without a transmission from the master. 
This allows the slave DLT to self power-up and down in 
demand powered-loop systems. 


TE — TONE ENABLE 


A high on this pin generates a 500 Hz square wave PCM 
tone and inserts it in place of the demodulated voice PCM 
word from the master for outputting to the Tx pin to the telset 
mono-circuit. A high on TE will generate TE1 and CLK from 
the internal oscillator when the slave is not receiving bursts | 
from the master so that the PCM square wave can be loaded 
into the mono-circuit. This feature allows the user to provide 
audio feedback for the telset keyboard depressions except 
during loop-back. During loop-back of the slave DLT, CLK is 
defeated so a tone cannot be generated in this mode. 


TE1 — TRANSMIT DATA ENABLE 1 OUTPUT 


This is a standard B-series CMOS output which goes high 
after the completion of demodulation of an incoming trans- 
mission from the master. It remains high for eight CLK periods 
and then low until the next burst from the master is 
demodulated. While high, the voice data just demodulated is 
output on the first eight rising edges of CLK at the Tx pin. The 
signaling data just demodulated is output on SO1 and SO2 on 
TE1’s rising edge, as is VD. | 
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Tx — TRANSMIT DATA OUTPUT 


This is a standard B-series CMOS output. Voice data is 
output on this pin on the rising edges of CLK while TE1 is high 
and is high-impedance when TE1 is low. 


X1 — CRYSTAL INPUT 


A 4.096 MHz crystal is tied between this pin and X2. A 
10 MO resistor across X1 and X2 and 25 pF capacitors from 
X1 and X2 to Vss are required for stability and to insure 
start-up. X1 may be driven by an external CMOS clock signal if 
X2 is left open. 


X2 — CRYSTAL OUTPUT 


This pin is capable of driving one external CMOS input and 
15 pF of additional capacitance. (See X1.) 


CLK — CLOCK OUTPUT 


This is a standard B-series CMOS output which provides 
the data clock for the telset mono-circuit. It is generated by 
dividing the oscillator down to 128 kHz and starts upon the 
completion of demodulation of an incoming burst from the 
master. At this time, CLK begins and TE1 goes high. CLK will 
remain active for 16 periods, at the end of which it will remain 
low until another transmission from the master is demodu- 
lated. In this manner, sync from the master is established in 
the slave and any clock slip between the master and the slave 
is absorbed each frame. CLK is generated in response to an 
incoming burst from the master; however, if TE is brought 
high, then CLK and TE1/RE1 are generated from the internal 
oscillator until TE is brought low or an incoming burst from the 
master is received. CLK is disabled when LB is held low. 


Rx — RECEIVE DATA INPUT. 


Voice data from the telset mono-circuit is input on this pin 
on the first eight falling edges of CLK after RE1 goes high. 


Mu/A — TONE DIGITAL FORMAT INPUT 


This pin determines if the PCM code of the 500 Hz square 
wave tone, generated when TE is high, is D3 (Mu/A = 1) or 
CCITT (Mu/A = O) format. 


RE1 — RECEIVE DATA ENABLE 1 OUTPUT 


This is a standard B-series CMOS output which is the 
inverse of TE1 (see TE1). Data is clocked into Rx on the falling 
edges of CLK while RE1 is high. 


DO — DATA OUTPUT 


This B-series output is the square wave Modified-DPSK 
modulation waveform to be externally buffered and applied to 
the line. This output is valid only when the MEO output pin is 
high and is undefined while MEO is low. The external line 
driver should drive the line in a tri-level manner, controlled by 
DO and MEO as shown in Figure 15. 


MEO — MODULATION ENABLE OUTPUT 


This pin, when high, defines the valid data at the DO pin to 
be valid. 


BACKGROUND 


The MC145418 Master and MC 145419 Slave DLT trans- 
ceiver ICs main application is to bidirectionally transmit the 
digital signals present at a codec/filter-digital PABX back- 
plane interface over transmission mediums such as tele- 
phone wire pairs or fiber optics. This allows the remoting of 
the mono-circuit in a digital telephone set and enables each 
set to have a high speed data access to the PABX switching 
facility. In effect, the DLT allows each PABX subscriber direct 
access to the inherent 64 kbps data routing capabilities of the 
PABX. 

The DLT provides a means for transmitting and receiving 64 
kbps of voice data and 16 kbps of signaling data. The DLT is 
a two chip set consisting of a Master and a Slave. The master 
DLT replaces the codec/filter and SLIC on the PABX finecard, 
and transmits and receives data over the intended trans- 
mission medium to the telset. The DLT appears to the linecard 
and backplane as if it were a PCM codec /filter and has almost 
the same digital interface features as the MC14400 series 
mono-circuits. The slave DLT is located in the telset and 
interfaces the mono-circuit to the transmission medium. By 
hooking two DLTs back-to-back, a repeater can also be 
formed. The master and slave DLTs operate in a frame 
synchronous manner, sync being established at the slave by 
the timing of the master’s transmission. The master’s sync is 
derived from the PABX frame sync. 

The communication between master and slave DLTs require 
a single data link in the transmission medium. Eight bits of | 
voice data and two bits of signaling data are transmitted and 
received each frame in a half duplex manner; i.e., the slave 
waits until the transmission from the master is completely 
received before transmitting back to the master. Transmission 
occurs at 256 kHz bit rate using a “‘squared”’ modified form of 
DPSK. This ‘‘ping-pong”’ mode will allow transmission of data 
at distances up to 2 km before turnaround delay becomes a 
problem. The DLT is so defined as to allow this data to be 
handled by the linecard, backplane, and PABX as if it were just 
another voice conversation. This allows existing PABX hard- 
ware and software to be unchanged and yet provides switched 
64 kbps voice or data communications throughout its service 
area by simply replacing a subscriber's linecard and telset. A 
feature in the master allows one of the two signaling bits to be 
inserted and extracted from the backplane PCM word to allow 
simultaneous voice and data transmission through the PABX. 
The slave DLT has a loop-back feature by which the device can 
be tested in the user system. 

The slave DLT has the additional feature of providing a 500 
Hz Mu or A law coded square wave to the mono-circuit when 
the TE pin is brought high. This can be used to provide audio 
feedback in the telset during keyboard depressions. 

Although the DLT was originally designed for a PABX 
environment, it can be used in any digital synchronous serial 
environment; such as, computer to computer communica- 
tions or industrial control. 


CIRCUIT DESCRIPTION 


GENERAL 

The DLT consists of a modulator, demodulator, two inter- 
mediate data buffers, sequencing and control logic, and 
transmit and receive data registers. The data registers inter- 
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face to the linecard or mono-circuit digital interface signals, 
the modulator and demodulator provide Modified - DPSK 
transmission and reception, while the intermediate data 
registers buffer data between these two sections. The DLT is 
intended to operate on a single 5 volt supply and can be driven 
by TTL or CMOS logic. ee 


MASTER OPERATION 


In the master, data is loaded into the receive register each 
frame from the Rx pin under the control of the TDC/RDC clock 
and the receive data enable, RE1. RE1 controls loading of 
eight serial bits, henceforth referred to as the voice data word. 


Each MSI, these words are transferred out. of the receive . 


register to the modulation buffer for subsequent modulation 
onto the line. The modulation buffer takes the received voice 
data word and the two signaling data input bits on SI1 and SI2 
loaded on the MSI rising edge and formats the ten bits into a 
specific order. This data field is then transmitted in a 256 kHz 
‘squared’ Modified-DPSK burst to the remote slave DLT. An 
example of the modulated data field at DO is shown with the 
Modulation Enable Output (MEO) in Figure 15. V2-V1 is the 
differentially driven waveform onto the line in a twisted pair 
application. 

The received signal coming into the demodulator should be 
a squared digital version of the line signal, shown as DI in 
Figure 15. The SYN signal which is the output of a window 
comparator is internally integrated and used by the demodula- 
tor’s synchronization circuitry along with the first zero 
crossing of DI to establish the exact position (in time) of the 
incoming burst for demodulation purposes. The SYN pulse or 
pulses (output of the window comparator circuitry) must be 
present for the first eight baud periods of the incoming burst. 
They may persist longer but they must not occur within one 
full baud period before the arrival of the following burst. Upon 
demodulating the return burst from the slave, the decoded 
data is transferred to the demodulation buffer and the 
signaling bits are stripped ready to be output on SO1 and SO2 
at the next MSI. The voice data word is loaded into the 
transmit register as described in the TE1 pin description for 
outputting via the Tx pin at the TDC/RDC data clock rate under 
the control of TE1. VD is output on the rising edge of MSI. 
Timing diagrams for the master are shown in Figure 12. 


SLAVE OPERATION 


In the slave, the synchronizing event is the detection of an 
incoming transmission from the master as indicated by the 
completion of demodulation. (The SYN signal and DI function 
the same as in the Master.) When an incoming burst from the 
master is demodulated, several events occur. As in the 
master, data is transferred from the demodulator to the 
demodulation buffer and the signaling bits are stripped for 
outputting at SO1 and SO2. Data in the receive register is 
transferred to the modulation buffer. TE1 goes high loading in 
data at SI1 and SI2, which will be used in the transmission 


burst to the master along with the data in the transmit data 
buffer. At the same time SO1, SO2, and VD are output. 
Modulation of the burst begins four 256 kHz periods after the 
completion of demodulation. | 

While TE1 is high, data is output at Tx on the rising edges of 
CLK. On the ninth rising edge of CLK, TE1 goes low, RE1 goes 
high, and data is input to the receive register from the Rx pin 
on the next eight falling edges of CLK. 

The CLK pin is a 128 kHz output that is formed by dividing 
down the 4.096 MHz crystal frequency by 32. Slippage 
between the frame rate of the master (as represented by the 
completion of demodulation of an incoming transmission 
from the master) and the crystal frequency is absorbed by 
holding the 16th low period of CLK until the next completion of 
demodulation. This is shown in the slave DLT timing diagram 
of Figure 13. 


POWER-DOWN OPERATION 


In the master, when PD is low, the DLT stops modulating 
and only that circuitry necessary to demodulate the incoming 
bursts and output the signaling and VD data bits is active. In 
this mode, if the DLT receives a burst from the slave, the SO1, 
SO2, and VD pins will be updated upon completion of the 
demodulation instead of on the rising edge of MSI. The state of 
these pins will not change until either three rising MSI edges 
have occurred without the reception of a burst from the slave 
or until another burst is demodulated, whichever occurs first. 

When PD is brought high, the master DLT will wait either 
three rising MSI edges or until the MSI rising edge following 
the demodulation of an incoming burst before transmitting to 
the slave. The data for the first transmission to the slave after 
power-up is loaded into the DLT during the RE1 period prior to 
the burst for Rx data, and on the present rising edge of MSI for 
signaling data. 

In the slave, PD is a bidirectional pin with weak output 
drivers such that it can be overdriven externally. When held 
low, the DLT slave is powered down and only that circuitry 
necessary for demodulation, TE1/RE1/CLK generation upon 
demodulation, the outputting of Tx data, signaling bits, and VD 
is active. When held high, the DLT slave is powered up and 
transmits normally in response to received transmissions 
from the master. If no bursts have been received from the 
master within 250 us after power-up (derived from the 
internal oscillator frequency), the DLT generates an internal 
125 us free-running clock from the internal oscillator. The 
slave DLT then bursts a transmission to the master DLT every 
other 125 ys clock period using data loaded into the Rx pin 
during the last RE1 period and SI1, SI2 data loaded in on the 
internal 125 us clock edge. The weak output drivers will try to 
force PD high when a transmission from the master is 
demodulated and will try to force it low if 250 us have passed 
without a transmission from the master. This allows the slave 
DLT to self power-up and down in demand powered-loop 
systems. | : 3 
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aa a 
TEI ” 
EE ee 
THREE-STATE 
%* ———{ x x X |p pp OUT 
REI | | IN 
ey SSS 
Rx | VALID DATA | DONT CARE IN 
_—_—— Ol OOOO) es 
Sit, si2 cv XONAR Oo IN 
, rn are re ies 
$01, $02 ; OUT 


vo . QUT 


DEMODULATION 


COMPLETE | | | 
(INTERNAL) - 


TRANSFER RECEIVE REGISTER TO MODULATION BUFFER, LATCH VALID TRANSFER DEMODULATOR 
DATA PIN, LATCH SI1, Si2. TWO CCI CLOCKS LATER, TRANSFER | DATA TO DEMODULATION 
RECEIVE REGISTER TO MODULATION BUFFER, START MODULATION BUFFER 


(DEMODULATION FINISHED) 


Figure 12. Master DLT Timing 
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DEMODULATOR 
SYNC (INTERNAL) 
wm DOOOOOOOo aot 
] ! 
i} 
| 


INTERNAL 2.048 
MHz FROM Xtal : , 
! ! 


e 

| | ! 
at AUDEN nEnOINEnT innaraehs sobs IN 
AO0GCx — 

HIGH IMPEDANCE , 
Rx | DON'T CARE | vate ; | 
SI1, $12 DON'T CARE 
== a a 
$01, $02 
SS eT oon 
ee 


- TRANSFER DEMODULATION BUFFER TO TRANSMIT REGISTER, GENERATE ENABLES, 
LATCH SIi, S12, OUTPUT Tx, S01, S02, OUTPUT VALID DATA, START 128 kHz 


CLOCK, START MODULATION AFTER FOUR 256 kHz BIT PERIODS 


DEMODULATOR DATA TRANSFER TO NOTE: 
DEMODULATION BUFFER 1. Slip between master and slave is taken up in this period. 


_ Figure 13. Slave DLT Timing 
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Figure 14. Typical DLT Line Interface 
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MEO | | | 


*See Figure 14 for voltages V2, V1.|V+| must equal |V-| within 5%. 
V2-V1, when MEO is low, must equal (V+ - V-)/2 within 5% 


VTH+ 
ANALOG GND 


SYN (OUTPUT 
COMPARATOR) 


| 
—»>| ~<¢— Tsh bd 
| 


**T sh - SYN should be high a minimum of three 4.096 MHz clock periods before the 
first zero crossing as indicated by DI state change. 


Figure 15. Line Driver Waveforms 
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Advance Information MC145425 


ISDN Universal Digital Loop 
Transceivers Il 
(UDLT II) 


The MC145421 and MC145425 UDLTs are high-speed data transceivers capable of 
providing 160 kbps full duplex data communication over 26 awg and larger twisted- 
pair cable up to 1 km in length. These devices are primarily used in digital subscriber 
voice and data telephone systems. In addition, the devices meet and exceed the 
CCITTs recommendations for data transfer rates of ISDNs on a single twisted pair. 
The devices utilize a 512 kilobaud MDPSK burst modulation technique to supply the 
160 kbps full duplex data transfer rates. The 160 kbps rate is provided through four 
channels. There are two B channels, which are 64 kbps each. In addition, there are 
two D channels which are 16 kbps each. 

The MC145421 and MC145425 UDLTs are designed for upward compatibility with 
the existing MC145422 and MC145426 80 kbps UDLTs, as well as compatibility with 
existing and evolving telephone switching hardware and software architectures. 

The MC145421 (MASTER) UDLT is designed for use at the telephone switch line 
card while the MC145425 (SLAVE) UDLT is designed for use at the remote digital 
telset or data terminal. 


PLASTIC 
CASE 709 


PIN ASSIGNMENTS 


— 
e 


@ Employs CMOS Technology, in Order to Take Advantage of Its Proven Capability for 
Complex Analog and Digital LSI Functions. 
@ Provides Synchronous Full Duplex 160 kbps Voice and Data Communication ina 
2B + 2D Format For ISDN Compatibility. 
@ Provides the CCITT’s Basic Access Data Transfer Rate (2B + D) for ISDNs on a Single 
Twisted Pair up to 1 km. 
Compatible with Existing and Evolving Telephone Switch Architectures and Call 
Signalling Schemes. 
Protocol Independent 
Single +5 V Power Supply 


MASTER 


2 
3 
4 
5 
6 
7 
8 
9 


TWISTED PAIR 
WIRE 
16 kbps D1 : 
16 kbps D2 MASTER SLAVE 
64 kbps B1 ISDN UDLT ISDN UDLT 
64 kbps B2 


160 kbps FULL-DUPLEX 
DATA TRANSMISSION 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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MC145421 MASTER ISDN BLOCK DIAGRAM 
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D 


CHANNEL BUFFERS 


_ SEQUENCE 
AND 
CONTROL 


D CHANNEL BUFFERS a 


B CHANNEL BUFFERS 


MC145425 SLAVE ISDN BLOCK DIAGRAM 


D CHANNEL BUFFERS 


SEQUENCE 
AND 
CONTROL 


D CHANNEL BUFFERS : 


B CHANNEL BUFFERS 
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MC145421, MC 145425 


ABSOLUTE MAXIMUM RATINGS (Voltage Referenced to Vss) 


Symbol 
DC Supply Voltage Vpp-Vss —0.5 to 6.5 Vv 
Voltage Any Pin to Vss —0.5 to Vpp + 0.5 


Doves 
| 
DC Current, Any Pin (Excluding Vpp, +10 mA 
Vss) 
| °C | 


Operating Temperature aC 
Storage Temperature —85 to + 150 


°C 


This device contains circuitry to protect the 
inputs against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid applications of 
any voltage higher than maximum rated voltages 
to this high impedance circuit. For proper oper- 
ation it is recommended that Vin and Voyt be 
constrained to the range Vssg<(Vjn_ or 
Vout) <= Vpp.- Reliability of operation is enhanced 


if unused inputs are tied to an appropriate logic 
voltage level (e.g., either Vg or Vpp). 


RECOMMENDED OPERATING CONDITIONS (Ta = — 40 to +85°C) 


| 

NOTE: | | ie oto a 

1. The slave's crystal frequency divided by 1024 must equal the master’s MSI frequency + 0.25% for optimum operation. Also, the 8.192 MHz 
input at the master divided by 1024 must be within 0.048% of the master’s 8 kHz MSI clock frequency. ia : 


DIGITAL CHARACTERISTICS (Vpp =5 V, Ta = — 40 to +85°C) 
Parameter ts 


Input High Level 

Input Low Level 

Input Current, Vpp 

Input Current (Digital Pins) 

Input Capacitance 

Output High Current (Except Tx on Master and Slave, and PD on the Slave) _ 


Tx Output High Current 


PD (Slave Output High Current (See Note 2) 
Output Low Current (Except Tx on Master and Slave, and PD on Slave) 


Tx Output Low Current 


PD (Slave) Output Low Current (See Note 2) 
Tx Three-State Impedance 
XTL Output High Current 
XTL Output Low Current . 


NOTE: 
2. To overdrive PD from a low level to 3.5 V, or a high level to 1.5 V requires a minimum of +800 pA drive capability. 


ANALOG CHARACTERISTICS (Vpp =5 V, Ta =0 to 70°C) 


| Unit 
Modulation Differential Amplitude RL = 880 2 (LO1-LO2) 


[min [Mex 

: er a ed a 
[Modulstion DierentalOC Offset SSCSCSC~C~CSC‘“sSCS~“~s~C~s Pv 
[Veet Votage Typicaly 9720+(Vpp-Ves) —=SCSC~“~SC“~S~‘“~“<~CSCS*~rC Pw 
PPcMTone tet SOSSOSOSCSCSCSCSC~“‘“dtC 
[Demoduator Input Amplitude ———SSSCSC~SCS~C~S~S~C~“~Ss~S~Ss~S~S~S~S~C 
7200 


Demodulator Input Impedance (LI to Vre¢) 


mVpeak 
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MC145421 MASTER PIN DESCRIPTIONS 


Vpp—POSITIVE SUPPLY (PIN 24) 


The most positive power supply pin, normally +5 volts with 
respect to. Vss. 3 | 


Vsg—NEGATIVE SUPPLY (PIN 1) 


The most negative supply pin and logic ground, normally — 


0 volts. 


Vref — REFERENCE OUTPUT MANALOS GROUND) 
(PIN 2) 


This pin is the output of the internal reference supply and 
should be bypassed to Vpp and Vss with 0.1 uF capacitors. 
This pin usually serves as an analog ground reference for 
transformer coupling of the device’s incoming bursts from the 
line. No external dc load should be placed on this pin. 


LI—LINE INPUT (PIN 3) 


This pin is an input to the demodulator for the incoming 
bursts. The input has an internal 240 kQ resistor tied to the 
Vref Pin, so an external capacitor or line transformer may be 
used to couple the input signal to the device with no dc offset. 


LO1, LO2—LINE DRIVER OUTPUTS (PINS 23, 22) 


These push-pull outputs drive the twisted pair transmission 
line with a 512 kHz modified DPSK (MDPSK) burst each 
125 ys, in other words at an 8 kHz rate. When not modulating 
the line, these pins are driven to the active high state— being 
the same potential, they create an ac short. When used in 
conjunction with feed resistors, proper line termination is 
maintained. 


SE—SIGNAL ENABLE INPUT (PIN 11) 


At the time of a negative transition on this pin, an internal 
latch stores the states of LB and PD for as long as SE is held 
low. During this time, the VD, DO1, and DO2 outputs are 
driven to the high impedance state. When SE is high, all pins 
function normally. 


LB—LOOP BACK CONTROL (PIN 4) - 


A low level on this pin ties the internal modulator output to 
the internal demodulator input which loops the entire burst 
for testing purposes. During the loopback operation, the LI 
input is ignored and the LO1 and LO2 drivers are driven to the 


active high level. The state of this pin is internally latched if 


the SE pin is held low. This feature is only active when the 
PD input is high. 


PD—POWER DOWN INPUT (PIN 12) 


When held low the ISDN UDLT powers down, except the - 


circuitry that is necessary to demodulate an incoming burst 
and to output VD, B channel and D channel data bits. When 
PD is brought high, the ISDN UDLT powers up. Then, it begins 
transmitting every MSI period to the slave device, shortly after 
the rising edge of MSI. The state of this pin is latched if the 
SE =p is held low. 


vD— VALID DATA OUTPUT (PIN 5) 


A high level on this pin indicates that a valid line transmission 


has .been demodulated. A valid transmission burst is 


determined by proper synchronization and the absence of de- 
tected bit errors. VD changes state on the rising edge of MSI 
when PD is high. When PD is low, VD changes state at the 
end of demodulation of a transmission burst and does not 
change again until three MS! rising edges have occurred, at 
which time it goes low, or until the next demodulation of a 
burst. VD is a standard B-series CMOS output and is high- 
impedance when SE is low. 


MS!I— MASTER SYNC INPUT (PIN 16) 


This pin is the master, 8 kHz, frame reference input. The 
rising edge of MSI loads B and D channel data which had 
been input during the previous frame into the modulator sec- 
tion of the device and initiates the out-bound burst onto the 
twisted-pair cable. The rising edge of MSI also initiates the 
buffering of the B and D channel data demodulated during 
the previous frame. MSI should be approximately leading edge 
aligned with the TDC/RDC data clock input pin. 


‘CCI—HIGH-SPEED CLOCK INPUT (PIN 17) 


An 8.192 MHz clock should be supplied to this input. The 
8.192 MHz input should be 50% duty cycle, however it may 
free-run with respect to all other clocks without performance 
degradation. 


D1I, D2I—D CHANNEL SIGNALING BIT INPUTS 
(PINS 6, 7) 


These inputs are 16 kbps serial data inputs. Two bits should 
be clocked into each of these inputs between the rising edges 
of the MSI frame reference clock. The first bit of each D 
channel is clocked into an intermediate buffer on the first falling 
edge of the DCLK following the rising edge of MSI. The second 
bit of each D channel is clocked in on the next negative tran- 
sition of the DCLK. If further DCLK negative edges occur, 
new information is serially clocked into the buffer replacing 
the previous data one bit at a time. Buffered D channel data 
bits are burst to the slave device on the next rising edge of 
the MSI frame reference clock. 


D10, D2O—D CHANNEL SIGNAL OUTPUTS (PINS 9, 10) | 


These serial outputs provide the 16 kbps D channel signaling 
information from the incoming burst. Two data bits should be 
clocked out of each of these outputs between the rising edges 
of the MSI frame reference clock. The rising edge of MSI 
produces the first bit of each D channel on its respective pin. 
Circuitry then searches for a negative D clock edge. This tells 


the D channel data shift register to produce the second 


D channel bit on the next rising edge of the DCLK. Further 
positive edges of the DCLK recirculate the D channel output 
buffer information. 


DCLK—D CHANNEL CLOCK INPUT (PIN 8) 


This input is the transmit and receive data clock for both | 
D channels. D channel input and output operation is described 
in the D10,_D20: pin description. 


- Tx—TRANSMIT DATA OUTPUT (PIN 13) 


This pin is high impedance when both TE1 and TE2 are low. 
This pin serves as an output for B channel information received 
from the slave device. The B channel data is under the control 
of TE1, TE2, and TDC/RDC. (See TE1, TE2 description.) 
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Rx— RECEIVE DATA INPUT (PIN 21) | 


B channel data is input on this pin and is controlled by the 
RE1, RE2, and TDC/RDC pins. (See RE1, RE2 description.) 


TE1, TE2—TRANSMIT DATA ENABLE INPUT (PIN 15) 


These two pins control the output of data for their respective 
B channel on the Tx output pin. When both TE1 and TE2 are 
low, the Tx pin is high impedance. The rising edge of the 
respective enable produces the first bit of the selected B chan- 
nel data on the Tx pin. internai circuitry then scans for the 
next negative transition of the TDC/RDC clock. Following this 
event the next seven bits of the selected B channel data are 
output on the next seven rising edges of the TDC/RDC data 
clock. When TE1 and TE2 are high simultaneously, data on 
the Tx pin is undefined. TE1 and TE2 should be approximately 
leading-edge aligned with the TDC/RDC data clock signal. In 
order to keep the Tx pin out of the high-impedance state, 
these enable lines should be high while the respective B chan- 
nel data is being output. 


RE1, RE2— RECEIVE DATA ENABLE INPUTS 
(PINS 19, 20) 


These inputs control the input of B channel data on the Rx 
pin of the device. The rising edge of the respective enable 
signal causes the device to load the selected receive data buffer 
with data from the Rx pin on the next eight falling edges of 
the TDC/RDC clock input. The RE1 and RE2 enables should 
be roughly leading-edge aligned with the TDC/RDC data clock 
input. These enables are rising edge sensitive and need not 
be high for the entire B-channel input period. 


TDC/RDC—TRANSMIT/RECEIVE DATA CLOCK INPUT 
(PIN 18) 


This input is the transmit and receive data clock for the 
B channel data. As described in the TE1/TE2 and the RE1/ 
RE2 sections, output data changes state on the rising edge of 
this signal, and input data is read on the falling edges of this 
signal. TDC/RDC should be roughly leading-edge aligned with 
the TE1, TE2, RE1, and RE2 enables, as well as the MSI frame 
reference signal. 


MC145425 SLAVE PIN DESCRIPTIONS 


Vpp—POSITIVE SUPPLY (PIN 24) 


The most positive power supply pin, normally +5 volts with 
respect to Vss. 


Vss—NEGATIVE SUPPLY (PIN 1) 


The most negative supply pin and logic ground, normally 
0 volts. 


Vref— REFERENCE OUTPUT (ANALOG GROUND) 
(PIN 2) 


This pin is the output of the internal reference supply and 
should be bypassed to Vpp and Vsg with 0.1 »F capacitors. 
This pin usually serves as an analog ground reference for 
transformer coupling of the device’s incoming bursts from the 
line. No external dc load should be placed on this pin. 


LI—LINE INPUT (PIN 3) 


This pin is an input to the demodulator for the incoming 
bursts. The input has an internal 240 kQ resistor tied to the 
Vref pin, so an external capacitor or line transformer may be 
used to couple the input signal to the device with no dc offset. 


LO1, LO2—LINE DRIVER OUTPUTS (PINS 23, 22) 


These push-pull outputs drive the twisted pair transmission 
line with a 512 kHz modified DPSK (MDPSK) burst each 
125 us; in other words at af 8 kHz frame rate. When not 
modulating the line, these pins are driven to the active high 
state— being the same potential, they create an ac short. So 
when used in conjunction with feed resistors, proper line ter- 
mination is maintained. 


CLK OUT—CLOCK OUTPUT (PIN 19) 


This pin serves as a buffered output of the crystal frequency 
divided by two. This clock is provided for systems using the 
MC 145428 Data Set Interface asynchronous/synchronous ter- 
minal adaptor device. 


LB—LOOPBACK CONTROL INPUT (PIN 4) 


When this pin is low, the incoming B channels from the 
master are burst back to the master—instead of the Rx 
B channel input data. The B channel data from the master 
continues to be output at the slave’s Tx pin during loopback. 
If the TONE and the loopback function are active simultane- 
ously, the loopback function overrides the TONE function. 
D channel data is not affected by LB. 


VD—VALID DATA OUTPUT (PIN 5) 


A high on this pin indicates that a valid transmission burst 
has been demodulated. A valid burst is determined by proper 
synchronization and the absence of detected bit errors. If no 
transmissions from the master have been received in the last 
250 ps, as determined by an internal oscillator, VD will go low. 


Mu/A—TONE FORMAT INPUT (PIN 11) 


This pin determines the PCM code for the 500 Hz square 
wave tone generated when the TONE input is high—Mu law 
(Mu/A=1) or CCITT A law (Mu/A=0) format. 


TONE— TONE ENABLE INPUT (PIN 16) 


A high on this pin causes a 500 Hz square wave PCM tone 
to be inserted in place of the demodulated B channel data on 
B channel 1. This feature allows the designer to provide audio 
feedback for telset keyboard operations. 


PD—POWER DOWN INPUT/OUTPUT (PIN 12) 


This is a bidirectional pin with a weak output driver so that 
it can be externally overdriven. When held low, the ISDN UDLT 
is powered down, and the only active circuitry is that which 
is necessary for demodulation, generation of EN1, EN2, BCLK, 
and DCLK, and outputting of the data bits and VD. When 
held high, the ISDN UDLT is powered up and transmits nor- 
mally in response to received bursts from the master. If the 
ISDN UDLT is powered up for 250 ps—which is derived from 
an internal oscillator and no bursts from the master have oc- 
curred, the ISDN slave UDLT generates a free-running set of 
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EN1, EN2, BCLK, and DCLK signals and sends a burst to the 
master device every other 125 ys frame. This is a wake-up 
signal to the master. . 

When PD is floating and a burst from the master is de- 
modulated, the weak output drivers will try to force PD high. 
It will try to force PD low if 250 us have elapsed without a 
burst from the master being successfully demodulated. This 
allows the slave device to self power up and down in demand- 
powered loop systems. 


CCI—CRYSTAL INPUT (PIN 17) 


Normally, an 8.192 MHz.crystal is tied between this pin and 
the XTL pin. A 10 MQ resistor between CCI and XTL and 
25 pF capacitors from CCI and XTL to Vsg are required to 
ensure stability and start-up. CCI may also be driven with an 
external 8.192 MHz signal if a crystal is not desired. 


XTL—CRYSTAL OUTPUT (PIN 18) 


This pin is capable of driving one external CMOS input and 
15 pF of additional load capacitance. 


D1l, D2iI—D CHANNEL INPUTS (PINS 6, 7) 


These two pins are inputs for the 16 kbps D data channels. 
The D channel data bits are clocked in serially on the negative 
edge of the 16 kbps DCLK output pin. 


D10, D2O—D CHANNEL OUTPUTS (PINS 9, 10) 


These two pins are outputs for the 16 kbps D data channels. 
These pins are updated on the rising edges of the slave DCLK 
output pin. 


Tx—TRANSMIT DATA OUTPUT (PIN 13) 


This line is an output for the B channel data received from 
the master. B channel 1 data is output on the first eight cycles 
of the BCLK output when EN1 is high. B channel 2 data is 
output on the next eight cycles of the BCLK, when EN2 is 
high. B channel data bits are clocked out on the rising edge 
of the BCLK output pin. 


DCLK—D CHANNEL CLOCK OUTPUT (PIN 8) 


This output is the transmit and receive data clock for both 
D channels. It starts upon demodulation of a burst from the 
master device. This signal is rising edge aligned with the EN1 
and BCLK signals. After the demodulation of a burst, the DCLK 
line completes two cycles and then remains low until another 
burst from the master is demodulated. In this manner syn- 
chronization with the master is established and any clock slip 
between master and slave is absorbed each frame. 


Rx— RECEIVE DATA INPUT (PIN 21) 


This pin is an input for the B channel data. B channel 1 data 
is clocked in on the first eight falling edges of the BCLK output 
following the rising edge of the EN1 output. B channel 2 data 
is clocked in on the next eight falling edges of the BCLK 
following the rising edge of the EN2 output. 


EN1—B CHANNEL 1 ENABLE OUTPUT (PIN 15) 


This line is an 8 kHz enable signal for the input and output 
of the B channel 1 data. While EN1 is high, B channel 1 data 


is clocked out on the Tx pin on the first eight rising edges of 
the BCLK. During this same time B channel 1 input data is 
clocked in on the Rx pin on the first eight falling edges of the 
BCLK. The VD pin is also updated on the rising edge of the 
EN1 signal. EN1 serves as the slave device’s 8 kHz frame 
reference signal. 


EN2—B CHANNEL 2 ENABLE OUTPUT (PIN 14) 


This pin is the logical inverse of the EN1 output and is used 
to signal the time slot for the input and output of data for the 
B channel 2 data. 


BCLK—B CHANNEL DATA CLOCK OUTPUT (PIN 20) 


This is a standard B series output which provides the data 
clock for the B channel data. This clock signal is 128 kHz and 
begins operating upon the successful demodulation of a burst 
from the master. At this time, EN1 goes high and BCLK starts 
toggling. BCLK remains active for 16 periods, at the end of 
which time it remains low until another burst is received from 
the master. In this manner synchronization between the master 
and slave is established and any clock slippage is absorbed 


each frame. 


BACKGROUND 


The MC145421 and the MC145425 ISDN UDLTs provide an 
economical means of sending and receiving two B channels 
(64 kbps each) of voice/data and two D channels (16 kbps 
each) of signal data in a two wire configuration at distances 
up to one kilometer. There are two ISDN UDLTs, master and 
slave. The master UDLT is compatible with existing and evolv- 
ing PABX architectures. This device transmits 2B + 2D chan- 
nels of data to the remote slave. At the remote end, the slave 
device presents a replica of the PBX backplane to the terminal 
devices. | 

These devices permit existing digital PBX architectures to 
remain unchanged and provide enhanced voice/data com- 
munication services throughout the PBX service area by simply 
replacing a subscriber’s line card and telset. 

All operations occur within the boundaries of an 8 kHz frame 
(125 ys). In the master, the frame sequence begins on the 
rising edge of MSI. In the slave, the frame begins after the 
demodulation of a burst from the master. The slave initializes 
its timing controls at this point to stay synchronized with the 
master. 

During one 125 us frame four main activities are performed: 


1. Previously buffered 2B +2D channel data is burst to the 

other end. 

2. New 2B+2D channel data is accepted for the next 

frame’s transmission. . 

3. An incoming burst is demodulated and stored. 

4. 2B+2D channel data from the previous demodulated 

frame is output. 

The bursts are 20 bits long, composed of two 8-bit B chan- 
nels and two 2-bit D channels. Bursts are encoded using a 
modified DPSK method at 512 kHz. Since a single wire pair 
is used, half duplex operation is used. A 512 kHz burst is sent 
from end to end in a ping-pong fashion. This method provides 
apparent full duplex 160 kbps transmission of data at distances 
up to one kilometer. 
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GENERAL 


The ISDN UDLT consists of a modulator, a demodulator, 
intermediate data registers, receive and transmit data registers, 
and sequencing and control logic. The Rx and Tx buffers 
interface digitally to the line card backplane signals, while the 
modulator and demodulator interface to the twisted pair trans- 
mission media. Intermediate data registers buffer data between 
these main components. The ISDN UDLT is intended to 
operate with a 5 volt power supply and can be driven by CMOS 
or I TL iogic. 


MASTER OPERATION 


In the master, the rising edge of MSI initiates the 125 ps 
frame. B channel data is clocked into the Rx registers under 
control of TDC/RDC, RE1, and RE2. This data is combined 
with the D channel data clocked in on pins D1I and D2I by 
the DCLK. The resulting 20 bit packet is stored for the next 
frame transmission to the slave UDLT. 

The burst output to the slave consists of the 2B +2D data 
loaded during the previous frame. The burst received from the 
slave is demodulated and stored for outputting in the following 
frame. 

B channel bits demodulated in the previous frame are output 
on the Tx pin under control of TDC/RDC, TE1, and TE2. 
Demodulated D channel bits are output on the D10 and D20 
output pins. The indication of a valid burst demodulation is 
the VD output, which is updated at the start of every frame. 


SLAVE OPERATION 


In normal slave operation, the main synchronizing event is 
completion of demodulating a burst from the master UDLT. 
This action initializes the 125 ys frame boundary of the slave. 
During the slave frame, B channel data is loaded and stored 
under control of the BCLK, EN1, and EN2 outputs. D channel 
data is loaded at D1! and D2! under control of the DCLK output. 

The demodulated burst from the master is separated into 
its D channel and B channel components and output on the 
D10, D20, and Tx pins. The return burst to the master con- 
sisting of previously loaded 2B + 2D data is transmitted eight 
bauds after the completion of demodulation of the master’s 
burst. This provides a period for line transients to diminish. 

The start of the slave frame initiates two cycles of the 
16 kHz DCLK, and one cycle each of the 8 kHz EN1 and EN2 
enables. After completing their cycles, these outputs remain 
low until another demodulation signals the start of a new slave 
frame. In this manner, clock slip between the master and slave 
UDLTs is absorbed each frame. 


POWER-DOWN OPERATION. 


When PD is low in the master, the ISDN UDLT is powered 
down and only that circuitry necessary to demodulate incom- 
ing bursts is active. No transmissions to the slave occur during 
power down. If the master is receiving bursts from the slave, 
the VD pin will change state upon completion of the 
demodulation. 

When the PD input pin is driven high, the master ISDN 
UDLT is powered up. In this mode, the master bursts to the 
slave every frame. B and D channel data can be loaded and 
unloaded and VD is updated on the MSI rising edge. 


If no bursts are received by the master, whether powered 
up or not, the B channel data is unknown and the D channel 
bits will remain at their last known values. 

The PD pin on the slave UDLT is bidirectional with a weak 
output driver that can be overdriven externally. When low— 
either externally or internally derived, the slave is powered 
down. No bursts to the master can be transmitted. EN1, EN2, 
BCLK, and DCLK outputs are inactive during power down 
except when TONE is high or a burst has been received from 
the master. B and D channel data can be loaded and unloaded, 
and VD is updated upon completion of demodulation of an 
incoming burst from the master. Input B and D channel data 
is not transmitted until the slave is powered up, in which case 
the first burst contains the most recently loaded data. 

When the PD pin is high, the slave is powered up and 
transmits every frame. The data enables and clocks are output 
and data can be loaded and unloaded. 


TIMEOUT OPERATION 


Timeout is an operating state in both the UDLT master and 
slave devices. This state indicates that no incoming bursts 
have been demodulated, forcing the VD pin low. An internal 
counter is incremented for each frame that does not contain 
an incoming burst. The counter is reset upon demodulating a 
burst from the far end. Timeout can occur whether the device 
is powered up or down. 

In the master, timeout begins on the rising edge of the third 
MSI following the last received burst. This is equivalent to two 
MSI frames. The VD output is forced low during timeout. The 
B channel output data will be unknown, but the D channel 
bits will remain at their last values. Successful demodulation 
of a burst from the slave will result in leaving the timeout state 
on the next rising MSI edge. 

Timeout in-the slave begins during the third frame without 
an incoming burst. The VD pin is forced low and the last 
D channel bits are saved. Normally, the slave timing is syn- 
chronized to the incoming master bursts, but in timeout, the 
slave operates from a free-running internal frame clock 
accompanied by BCLK, EN1, and EN2. These clocks are not 
generated during the two frames prior to entering timeout. If 
powered up during timeout, the slave will burst to the master 
on every other frame. This mode allows the terminal equipment 
to transmit its status to the master even though it is not re- 
ceiving data. Demodulation of a burst from the master will 
cause the slave to exit the timeout mode. 

When the PD pin is used as an output on the slave UDLT, 
timeout controls the pin. Timeout forces the PD output low 
to indicate that the device has powered itself down. In this 
case, the slave will not transmit to the master. However, when 
a valid burst is received, timeout ends and the PD pin is driven 
high to indicate power up. This feature allows the slave UDLT 
to self-power-up and down in demand-powered loop systems. 


NOTE 
The slave uses a free running clock during timeout. 
After a long period without a burst from the mas- 
ter, the timing between master and slave could 
be such that more than one burst will be needed 
to resync the two devices. 
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Figure 1. Typical MC145421 Master ISDN UDLT Timing 
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Figure 2. MC145425 Slave ISDN UDLT Timing 
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Top Trace: MSI 
Bottom Trace: Outgoing burst measured at LI (with respect to Vref) 
Figure 3. Master Burst 
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TWISTED PAIR WIRE 


ISDN UDLT 


TRANSFORMER PARAMETERS 


INDUCTANCE OF Tx WINDING: 1.75 mH 
TURNS RATIO: Tx: L1+L2 2:1 
TURNS RATIO: Rx: L1+L2 4:1 


DIODES: 1N4148 OR EQUIVALENT 


Figure 4. Interface to Twisted Pair Wire 
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SWITCHING CHARACTERISTICS (Vpp=5 V, Ta=0 to 70°C). 


‘Parameter a 


Master Timing | fs : 
TDC/RDC Pulse Width High 
TDC/RDC Pulse Width Low : raiP 
MSI Rising Edge to TDC/RDC Falling Edge _- 
MSI Pulse Width Ney ene 


MSI Rising Edge to First DCLK: Falling Edge 

MSI Rising Edge to First D10, D20 Bit Valid _ 
-TE1, TE2 Rising Edge to TDC/RDC Falling Edge. 

TDC/RDC Falling Edge to TE1, TE2 Rising Edge . 

TE1, TE2 Rising Edge to First Tx Data Bit Valid — 
_TDC/RDC Rising Edge to Tx Data Bits 2 Through 8 Valid _ 


TE1, TE2 Falling Edge to Tx High-Impedance: 
-RE1, RE2 Rising Edge to TDC/RDC Falling Edge 
TDC/RDC Falling Edge to RE1, RE2 Rising Edge 
_Rx Data Setup (Data Valid Before TDC/RDC Falling Edge) 
Rx Data Hold (Data Valid After TDC/RDC Falling Edge) _ 
RE1, RE2 Pulse Width _ 
| DCLK Rising Edge to D10, D20 Bit Valid 
D11,D2I Data Setup (Data Valid Before DCLK Falling Edge) 
D1l, D2i Data Hold (Data Valid After DCLK Falling Edge) 
~DCLK Pulse Width Low X 
~ DCLK Pulse Width High 
| MSI Rising Edge to VD Valid 3 
PD, LB Setup (PD, LB Valid Before MSI Rising Edge) 
| PD, LB Hold (PD, LB Valid After MSI Rising Edge) _ 
SlaveTiming its | i 
-BCLK Pulse Width High (CCI=8.192 MHz) 
~ BCLK Pulse Width Low (CCI =8.192 MHz) _ 
-EN1 or EN2 Rising Edge to BCLK Rising Edge 
EN1 or EN2 Rising Edge to DCLK Rising Edge _ 
EN1 or EN2 Rising Edge to First Tx Data Bit Valid 


BCLK Rising Edge to Tx Data Bits 2 Through 8 Valid . 


N 
oa 
n 


8 


N 


9 


DCLK Pulse Width High (CCI =8.192 MHz) 
32 DCLK Pulse Width Low (CCI =8.192 MHz) — 
DCLK Rising Edge to D10, D20 Bits Valid 


n 


He | He 


a” 


37 [ DU, Dal Hold (D1, Dal Valid After DCLK Faling Edge) SSCS 


20 
20 


J 


EN1 Rising Edge to VD Valid 


SE Pin Timing 
20 
a 


*See Switching Characteristics waveforms 
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MASTER SWITCHING CHARACTERISTICS 


EC aal | 
i AVARREEEE [— 
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TE1, TE2 | 
Tx 
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; Gator ce 


CANASHT 1 


(5) 20) 
DCLK Hi] 
ALS 21) 
1H | © | 
no Cs = 
Ce ae Cl CC OCD a 
Q2) @® 
vD ; VALID DATA BIT 
PD, LB [ wo | DON'T CARE 
@ | 
24) 


NOTE: All measurement thresholds are 30% or 70% of Vpp. 
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SLAVE SWITCHING CHARACTERISTICS 


Blk r A, 


27) 


EN1 


EN2 


Tx 


Rx 


DCLK 


Dil, D2I DON'T CARE Yoana | _ DON'T CARE | BIT 2 _ DON'T CARE 
vD VALID 


MASTER SE PIN TIMING 


SE 
ares : | PREVIOUS STATE | 
oe me I INTERNALLY LATCHED a voet 


D10,020,VD , 


NOTE: All measurement thresholds are 30% or 70% of Vpp. 


2 


GCPVSPLOIN “LZVSPLOIN 


a SEMICONDUCTOR 


MOTOROLA 
TECHNICAL DATA 


Advance Information 
Universal Digital-Loop 
Transceivers (UDLT) 


The MC145422 and MC145426 UDLTs are high-speed data transceivers that provide 80 
kilobits per second full duplex data communication over 26 AWG and larger twisted pair 
cable up to two kilometers in distance. intended primarily for use in digital subscriber 
voice/data telephone systems, these devices can also be used in remote data acquisition 
and control systems. These devices utilize a 256 kilobaud modified differential phase shift 
keying burst modulation technique for transmission to minimize RFI/EMI and crosstalk. 
Simultaneous power distribution and duplex data communication can be obtained using a 
single twisted pair wire. 

These devices are designed for compatibility with existing, as well as evolving, 
telephone switching hardware and software architectures. 

The UDLT chip-set consists of the MC145422 master UDLT for use at the telephone 
switch linecard and the MC145426 slave UDLT for use at the remote digital telset and/or 
data terminal. 

The devices employ CMOS technology in order to take advantage of its reliable low- 
power operation and proven capability for complex analog/ digital LS! functions. 


@ Provides Full Duplex Synchronous 64 Kilobits-Per-Second Voice/Data Channel and 
Two Eight Kilobits-Per-Second Signaling Data Channels Over One 26 AWG Wire Pair 
Up to Two Kilometers 

@ Compatible with Existing and Evolving Telephone Switch Architectures and Call Signal- 
ing Schemes 

@ Automatic Detection Threshold Adjustment for Optimum Performance Over Varying 
Signal Attenuations 

@ Protoco! Independent 

@ Single Five Volt Power Supply 

@ 22 Pin Package 


MC145422 Master UDLT 


@ Pin Controlled Power-Down and Loop-Back Features 
@ Signaling and Control !/O Capable of Sharing Common Bus Wiring with Other UDLTs 
@ Variable Data Clock —64 kHz to 2.56 MHz 
@ Pin Controlled Insertion/Extraction of Eight Kilobits/Second Channel into LSB of 
64 Kilobits/Second Channel for Simultaneous Routing of Voice and Data Through 
PCM Voice Path of Telephone Switch 


MC145426 Slave UDLT 


@ Compatible with MC14400 Series PCM Mono-Circuits 

@ Pin Controlled Loop-Back Feature 

@ Automatic Power-Up/Down Feature 

@ On-Chip Data Clock Recovery and Generation 

@ Pin Controlled 500 Hz D3 or CCITT Format PCM Tone Generator for Audible Feedback 
Applications 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 


MC145422 


iC 145426 
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PIN ASSIGNMENTS 
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MC145422 MASTER UDLT BLOCK DIAGRAM 
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ABSOLUTE MAXIMUM RATINGS (Voltage Referenced to Vss) 


[Be Gana, An Pin cidna Veo, Vest 1 
ts 


RECOMMENDED OPERATING CONDITIONS (Ta, =0 to 70°C) 


[Pama i 
[oeSuev vows «YO 
[Power Desbaion ®O=Vop.voo=eW 0 
[rower Oespsion POMVeS.TE=Ves)_——SSSCSCSCSCS~dCCSO 
a 

: eo 


75 


Frame Rate MC 145422 


VDD 
VDD 
VDD 

CCI Clock Frequency (MS! =8 kHz) 
—_ 


NOTES: 1. The MC145426 crystal frequency divided by 512 must equal the MC145422 MSI frequency + 0.25% for optimum operation. 
2. Assumes crystal frequency of 4.096 MHz for the MC145426 and 2.048 MHz CCi for the MC145422. 


DIGITAL CHARACTERISTICS (Vpp=5 V, Ta =0 to 70°C) 


ee 


ae oe 
eee 
eae 
ae 
oe ee eS 
ee ee ee 
Dees ae 
Le 
bee! 


Input Current Except Li 
Li 


Output High Current (Except Tx on MC145422 VOH= 2.5V ; —1.7 mA 
| and Tx and PD on MC145426) VoH=4.6V — 0.36 
Output Low Current (Except Tx on MC 145422 VoL=0.4V 0.36 mA 
and Tx and PD on MC145426) VoL=0.8V 0.8 
PD Output High Current (MC145426) VOH=2.5V pA 
(See Note 7) VoH=4.6V 
PD Output Low Current (MC145426) VoL =0.4V 60 uA 
(See Note 7) Vo_L=0.8V 100 
Tx Output High Current VOH=2.5V —3.4 
VoH =4.6 V —0.7 
Tx Output Low Current VoL=0.4V 1.7 mA | 
VoL =0.8 V 3.5 


Tx Input Impedance (TE1=Vss, MC145422) 
Crystal Frequency (MC145426, Note 3) 


PCM Tone (TE=Vpp, MC145426) 
Three-State Current (SO1, SO2, VD, Tx on MC145422, Tx on MC145426) 


Vref Voltage (See Note 6) a 


X2—Oscillator Output High Drive Current VoH=4.6V 
(MC145426) (See Note 5) . 


X2— Oscillator Output Low Drive Current 
(MC145426) (See Note 5) 


VoL=0.4V 
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ANALOG CHARACTERISTICS (Vpp=5 V, Ta=0to 70°C) : 


eee ee 
Modulation Differential Amplitude (Ry = 440 0) loitoLoz | 945 | 


Demodulator Input Amplitude (See Note 4) 
Demodulator Input Impedance 


NOTES: : 

. The MC145426 crystal frequency divided by 512 must equal the MC145422 MSI frequency +0.25% for optimum performance. 
. The input level into the demodulator to reliably demodulate incoming bursts. Input referenced to Vref. 

. Output drive when X1 is being driven from an external clock. 

- Vref typically (9/20 Vpp-Vss) 

To overdrive PD from a low level to 3.5 V ora high level to 1.5 V requires a minimum of +800 ,»A drive capability. 


NO OD & 


MC145422 SWITCHING CHARACTERISTICS (Vpp=5 V, Ta =25°C, C, =50 pF) 
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Data Clock Frequency : TDC/RDC 


Propagation Delay Time _s 
MSI to SO1, SO2, VD (PD=Vpp) 
TDC to Tx 


MSI to TDC/RDC Setup Time 


TE1/RE1 to TDC/RDC Setup Time | | 


Rx to TDC/RDC Hold Time fen, wile a. co 
SI1, SI2 to MSI Setup Time ae eas 


SI1, SI2 to MSI Hold Time 


| 


[[eowfatine tarp 


Propagation Delay Times 
TE1 Rising to CLK (TE=Vpp) 
TE1 Rising to CLK (TE=Vss) 

CLK to TE1 Falling © 

CLK to RE1 Rising 

RE1 Falling to CLK (TE=Vpp) 

RE1 Falling to CLK (TE=Vss) 

CLK to Tx 

TE1 to SO1, SO2 


Rx to CLK Setup Time Be | 
Rx to CLK Hold Time | Me By 


a 
E 


Cred 
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SI1, SI2 to TE1 Setup Time 
SI1, SI2 to TE1 Hold Time 
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SWITCHING WAVEFORMS 


CLK, TOC, ROC, RE1, CCl, MSI 


Figure 1 
70% 70% 
MSI 
tPHL tPLH 
70% 
VD, S01, S02 
30% 
Figure 2 
70% 70% 
TOC 
'PLH tPHL 
70% 
Tx 
30% 
Figure 3 
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Figure 4 


TDC, RDC, CLK 


Figure 5 


TE1 (MC145426) OR MSI (MC145422) 


SI1, S12 


Figure 6 
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Figure 8 
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Figure 9 
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MC145422 MASTER UDLT PIN DESCRIPTIONS 


Vpp— POSITIVE SUPPLY 
Normally 5 volts. 


Vss— NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally 0 volts. 


Vref— REFERENCE OUTPUT 


This pin is the output of the internal reference supply and 


should be bypassed to Vpp and Vss by 0.1 uF capacitors. 
No external dc load should be placed on this pin. 


LI—LINE INPUT 


This input to the demodulator circuit has an internal 100 k 
resistor tied to the internal reference node so that an external 
capacitor and/or line transformer may be used to couple the 
input signal to the part with no dc offset. 


LB—LOOP-BACK CONTROL 


A low on this pin disconnects the LI pin from internal cir- 
cuitry, drives LO1, LO2 to Vref and internally ties the 
modulator output to the demodulator input which loops the 
part on itself for testing in the system. The state of this pin is 
internally latched if the SE pin is brought and held low. Loop- 
Back is active only when PD is high. 


VD—VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission has 
been demodulated. A valid transmission is determined by pro- 
per sync and the absence of detected bit errors. VD changes 
state on the leading edge of MSI when PD is high. When PD is 
low, VD changes state at the end of demodulation of a line 
transmission. VD is a standard B-series CMOS output and is 
high impedance when SE is held low. 


SI1, SIZ— SIGNALING BIT INPUTS 


Data on these pins is loaded on the rising edge of MSI for 
transmission to the slave. The state of these pins is internally 
latched if SE is held low. 


$01, SO2— SIGNALING BIT OUTPUTS 


These outputs are received signaling bits from the slave 
UDLT and change state on the rising edge of MSI if PD is high, 
or at the completion of demodulation if PD is low. These out- 
puts have standard B-series CMOS drive capability and are 
high impedance if the SE pin is held low. 


SE—SIGNAL ENABLE INPUT 


if held high, the PD, LB, SI1, SI2, and SIE inputs and the 
$01, SO2, and VD outputs function normally. If held low, the 
state of these inputs are latched and held internally while the 
outputs are high impedance. This allows these pins to be 
bussed with those of other UDLTs to a common controller. 


PD—POWER-DOWN INPUT 


If held low, the UDLT ceases modulation. In power-down, 
the only active circuitry is that which is necessary to 
demodulate an incoming burst and output the signal and valid 
data bits. Internal data transfers to the transmit and receive 
registers cease. When brought high, the UDLT powers-up, 
and waits three positive MSI edges or until the end of an in- 
coming transmission from the slave UDLT and begins 
transmitting every MSI period to the slave UDLT on the next 
rising edge of the MSI. 


MSI— MASTER SYNC INPUT 


This pin is the system sync and initiates the modulation on 
the twisted pair. MSI should be approximately leading-edge 
aligned with TDC/RDC. 


SIE— SIGNAL INSERT ENABLE 


This pin, when held high, inserts signal bit 2 received from 
the slave into the LSB of the outgoing PCM word at Tx and 
will ignore the S12 pin and use in place the LSB of the incom- 
ing PCM word at Rx for transmission to the slave. The PCM 
word to the slave will have LSB forced low in this mode. In 
this manner, signal bit 2 to/from the slave UDLT is inserted in- 
to the PCM words the master sends and receives from the 
backplane for routing through the PABX for simultaneous 
voice/data communication. The state of this pin is internally 
latched if the SE pin is brought and held low. 


TE1— TRANSMIT DATA ENABLE 1 INPUT 


This pin controls the outputting of data on the Tx pin. While 
TE1 is high, the Tx data is presented on the eight rising edges 
of TDC/RDC. TE1 is also a high-impedance control of the Tx 
pin. If MSI occurs during this period, new data will be transfer- 
red to the Tx output register in the ninth high period of 
TDC/RDC after TE1 rises; otherwise, it will transfer on the ris- 
ing edge of MSI. TE1 and TDC/RDC should be approximately 
leading-edge aligned. 


Tx— TRANSMIT DATA OUTPUT 


This three-state output pin presents new voice data during 
the high periods of TDC/RDC when TE1 is high (see TE1). 


CCI—CONVERT CLOCK INPUT 


A 2.048 MHz clock signal should be applied to this pin. The 
signal is used for internal sequencing and control. This signal 
should be coherent with MSI for optimum performance but 
may be asynchronous if slightly worse error rate performance 
can be tolerated. 


TDC/RDC—TRANSMIT/RECEIVE DATA CLOCK 


This pin is the transmit and receive data clock and can be 64 
kHz to 2.56 MHz. Data is output at the Tx pin while TE1 is high 
on the eight rising edges of TDC/RDC after the rising edge of 
TE1. Data on the Rx pin is loaded into the receive register of 
the UDLT on the eight falling edges of TDC/RDC after a 
positive transition on RE1. This clock should be approximately - 
leading-edge aligned with MSI. 
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Rx— RECEIVE DATA 


Voice data is clocked into the UDLT from this pin on the fall- 
ing edges of TDC/RDC under the control of RE1. 


RE1— RECEIVE DATA ENABLE 1 INPUT 


A rising edge on this pin will enable data on the Rx pin to be 
loaded into the receive data register on the next eight falling 
edges of the data clock, TDC/RDC. RE1 and TDC/RDC 
should be approximately leading-edge aligned. 


LO1, LO2Q—LINE DRIVER OUTPUTS 


These outputs drive the twisted pair line with 256 kHz 
modified DPSK bursts each frame and are push-pull. These 
pins are driven to Vref when not modulating the line. 


MC145426 SLAVE UDLT PIN DESCRIPTIONS 


Vpp— POSITIVE SUPPLY 
Normally 5 volts. 


Vss— NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally 0 volts. 


Vref— REFERENCE OUTPUT 


This pin is the output of the internal reference supply and 
should be bypassed to Vpp and Vss by 0.1 »F capacitors. No 
external dc load should be placed on this pin. 


LI—LINE INPUT 


This input to the demodulator circuit has an internal 100 
kilohm resistor tied to the internal reference node (Vref) so 
that an external capacitor and/or line transformer may be used 
to couple the signal to this part with no dc offset. 


LB—LOOP-BACK CONTROL 


When this pin is held low and PD is high (the UDLT is receiv- 
ing transmissions from the master), the UDLT will use the 
eight bits of demodulated PCM data in place of the eight bits 
of Rx data in the return burst to the master, thereby looping 
the part back on itself for system testing. S!1 and SI2 operate 
normally in this mode. CLK will be held low during loop-back 
operation. 


VD—VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission has 
been demodulated. A valid transmission is determined by pro- 
per sync and the absence of detected bit errors. VD changes 
state on the leading edge of TE1. If no transmissions from the 
master have been received in the last 250 us (derived from the 
internal oscillator), VD will go low without TE1 rising since TE1 
is not generated in the absence of received transmissions from 
the master (see TE pin description for the one exception to 
this). 


Si, SI2Z— SIGNALING BIT INPUTS 


Data on these pins is loaded on the rising edge of TE1 for 
transmission to the master. If no transmissions from the 
master are being received and PD is high, data on these pins 
will be loaded into the part on an internal signal. Therefore, 
data on these pins should be steady until synchronous com- 


munication with the master has been established, as indicated 
by the high on VD. 


$01, SO2—SIGNALING BIT OUTPUTS 


These outputs are received signaling bits from the master 
UDLT and change state on the rising edge of TE1. These out- 
puts have standard B-series CMOS output drive capability. 


PD —POWER-DOWN INPUT/OUTPUT 


This is a bidirectional pin with weak output drivers such that 
it can be overdriven externally. When held low, the UDLT is 
powered down and the only active circuitry is: that which is 
necessary for demodulation, TE1/RE1/CLK generation upon 
demodulation the outputting of data received from the master 
and updating of VD status. When held high, the UDLT is 
powered-up and transmits in response to received transmis- 
sions from the master. If no received bursts from the master 
have occurred when powered-up, for 250 ys (derived from the 
internal oscillator frequency), the UDLT will generate a free 
running 125 us internal clock from the internal oscillator and 
will burst a transmission to the master every other internal 125 
us clock using data on the SI1 and SI2 pins and the last data 
word loaded into the receive register. The weak output drivers 
will try to force PD high when a transmission from the master 
is demodulated and will try to force it low if 250 ~s have passed 
without a transmission from the master. This allows the slave 
UDLT to self power-up and down in demand powered loop 
systems. 


TE—TONE ENABLE 


A high on this pin generates a 500 Hz square wave PCM 
tone and inserts it in place of the demodulated voice PCM 
word from the master for outputting to the Tx pin to the telset 
mono-circuit. A high on TE will generate TE1 and CLK from 
the internal oscillator when the slave is not receiving bursts 
from the master so that the PCM square wave can be loaded 
into the mono-circuit. This feature allows the user to provide 
audio feedback for the telset keyboard depressions except 
during Loop-Back. During Loop-Back of the slave UDLT, CLK 
is defeated so a tone cannot be generated in this mode. 


TE1—TRANSMIT DATA ENABLE 1 OUTPUT 


This is a standard B-series CMOS output which goes high 
after the completion of demodulation of an incoming 
transmission from the master. It remains high for eight CLK 
periods and then low until the next burst from the master is 
demodulated. While high, the voice data just demodulated is 
output on the first eight rising edges of CLK at the Tx pin. The 
signaling data just demodulated is output on SO1 and SO2 on 
TE1’s rising edge, as is VD. 


Tx—TRANSMIT DATA OUTPUT 


This is a standard B-series CMOS output. Voice data is out- 
put on this pin on the rising edges of CLK while TE1 is high 
and is high impedance when TE1 is low. 


X1—CRYSTAL INPUT 


A 4.096 MHz crystal is tied between this pin and X2. A 10 
megohm resistor across X1 and X2 and 25 pF capacitors from 
X1 and X2 to Vss are required for stability and to insure start- 
up. X1 may be driven by an external CMOS clock signal if X2 is 
left open. 
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X2-CRYSTAL OUPUT 


This pin is capable of driving one external CMOS input and 
15 pF of additional capacitance. (SEE X1) 


CLK—CLOCK OUTPUT | 
This is a standard B-series CMOS output which provides the 
data clock for the telset mono-circuit. It is generated by 


dividing the oscillator down to 128 kHz and starts upon the 


completion of demodulation of an incoming burst from the 
master. At this time, CLK begins and TE1 goes high. CLK will 
remain active for 16 periods, at the end of which it will remain 
low until another transmission from. the master is 
_ demodulated. In this manner, sync from the master is 
established in the slave and any clock slip between the master 
and the slave is absorbed each frame. CLK is generated in 
response to an incoming burst from the master; however, if 
TE ‘is brought high, then CLK and TE1/RE1 are generated 
from the internal oscillator until TE is brought low or an incom- 


me ing burst from the master is received. CLK is disabled when LB 
is held low. 


= " Rx—RECEIVE DATA INPUT 


~ Voice data from the telset mono-circuit. is input on this pin | 


on the oe falling edges of CLK after RE1 goes high. — 


Mu/A— TONE DIGITAL FORMAT INPUT 
This pin determines if the PCM code of the 500 Hz square 


wave tone, generated when TE is high, is D3. (Mu/A=1) or — 


CCITT (Mu/A= 0) format. 


REI. RECEIVE DATA ENABLE 1 OUTPUT 


ay. ae This i isa standard B-series CMOS output which is the i in- 
ae verse eof TEI (see TE). a | 


LO1, Lo2— LINE DRIVER ouTPuTS 


‘These. outputs ‘drive the twisted pair line with 256 kHz 
modified DPSK bursts each frame and are push-pull. These 
pins are driven to Vref when the device is not modulating. 


BACKGROUND 


The MC145422 master and MC145426 slave UDLT trans- 
ceiver ICs main application is to bidirectionally transmit the 
digital signals present at a codec/filter-digital PABX backplane 
interface over normal telephone wire pairs. This allows the 
remoting of the mono-circuit in a digital telephone set and 
enables each set to have a high speed data access to the 
PABX switching facility. In effect, the UDLT allows each 
PABX subscriber direct access to the inherent sixty-four 
kilobits per second data routing capabilities of the PABX. 

The UDLT provides a means for transmitting and receiving 
sixty-four kilobits of voice data and sixteen kilobits-per-second 
of signaling data in two wire format over normal telephone 
pairs. The UDLT is a two chip set consisting of a master and a 
slave. The master UDLT replaces the codec/ filter and SLIC on 
the PABX line card, and transmits and receives data over the 
wire pair to the telset. The UDLT appears to the linecard and 
backplane as if it were a PCM codec/filter and has almost the 
same digital interface features as the MC14400 series mono- 
circuits. The slave UDLT is located in the telset and interfaces 
the mono-circuit to the wire pair. By hooking two UDLTs 


back-to-back, a repeater can aise be formed. The master and 
slave UDLTs operate in a frame synchronous manner, sync be- 
ing established at the slave by the timing of the master’s 
transmission. The master’s sync is derived from the PABX 


frame sync. 


The UDLT operates using one twisted pair. Eight bits of 
voice data and two bits of signaling data are transmitted and 
received each frame in a half duplex manner; i.e., the slave 
waits until the transmission from the master is completely 
received before transmitting back to the master. Transmission 
occurs at 256 kilohertz bit rate using a modified form of DPSK. 
This “ping-pong” mode will allow transmission of data at 
distances up to two kilometers before turnaround delay 
becomes a problem. The UDLT is so defined as to allow this 
data to be handled by the linecard, backplane, and PABX as if 
it were just another voice conversation. This allows existing 
PABX hardware and software to be unchanged and yet pro- 
vides switched sixty-four kilobits per second voice or data 
communications throughout its service area by simply replac- 
ing a subscriber's linecard and telset. A feature in the master 


allows one of the two signaling bits to be inserted. and ex- 


tracted from the backplane PCM word to allow simultaneous - 
voice and data transmission through the PABX. Both UDLTs 
have a loop-back feature by which the device can be tested in 
the user system. 

The slave UDLT has the additional feature of providing a 500 
hertz Mu or A-law coded square wave to the mono-circuit 
when the TE pin is brought high. This can be used to provide | 
audio feedback i in the. caer pave Reyooare depressions. 


CIRCUIT DESCRIPTION 


GENERAL 


The UDLT. consists of a modulator, demodulator, two in- 
termediate data buffers, sequencing and control logic, and 


_ transmit and receive data registers. The data registers inter- 


face to the linecard or mono-circuit digital interface signals, 
_ the modulator and demodulator interface the twisted pair 


transmission medium, while the intermediate data registers 
buffer data between these two sections. The UDLT is intended 
to operate on a single five volt supply and can be driven by 
TTL or CMOS logic. 


MASTER OPERATION 


In the master, data from the linecard is loaded into the 
receive register each frame from the Rx pin under the control 
of the TDC/RDC clock and the receive data enable, RE1. RE1 
controls loading of eight serial bits, henceforth referred to as 
the voice data word. Each MSI, these words are transferred 
out of the receive register to the modulation buffer for subse- 
quent modulation onto the line. The modulation buffer takes 
the received voice data word and the two signaling data input 
bits on SI1 and SI2 loaded on the MSI transition and formats 
the ten bits into a specific order. This data field is then 
transmitted in a 256 kilohertz modified DPSK burst onto the 
line to the remote slave UDLT. 

Upon demodulating the return burst from the slave, the 
decoded data is transferred to the demodulation buffer and 
the signaling bits are stripped ready to be output on SO1 and 
SQ2 at the next MSI. The voice data word is loaded into the 
transmit register as described in the TE1 pin description for 
outputting via the Tx pin at the TDC/RDC data clock rate 
under the control of TE1. VD is output on the rising edge of 
MSI. Timing diagrams for the master are shown in Figure 10. 
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Figure 10. Master UDLT Timing 


SLAVE OPERATION 


In the slave, the synchronizing event is the detection of an 
incoming line transmission from the master as indicated by the 
completion of demodulation. When an incoming burst from 
the master is demodulated, several events occur. As in the 
master, data is transferred from the demodulator to the de- 
modulation buffer and the signaling bits are stripped for out- 
putting at SO1 and SO2. Data in the receive register is 
transferred to the modulation buffer. TE1 goes high loading in 
data at SI1 and S12, which will be used in the transmission 
burst to the master along with the data in the transmit data 
buffer, and outputting SO1, SO2, and VD. Modulation of the 
burst begins four 256 kilohertz periods after the completion of 
demodulation. 

While TE1 is high, voice data is output on Tx to the telset 
mono-circuit on the rising edges of the data clock output on 
the CLK pin. On the ninth rising edge of CLK, TE1 goes low, 
RE1 goes high, and voice data from the mono-circuit is input 
to the receive register from the Rx pin on the next eight falling 
edges of CLK. RE1 is TE1 inverted and is provided to facilitate 
interface to the mono-circuit. 

The CLK pin 128 kilohertz output is formed by dividing 
down the 4.096 megahertz crystal frequency by thirty-two. 
Slippage between the frame rate of the master (as represented 


by the completion of demodulation of an incoming transmis- 
sion from the master) and the crystal frequency is absorbed by 
holding the sixteenth low period of CLK until the next comple- 
tion of demodulation. This is shown in the slave UDLT timing 
diagram of Figure 11. 


POWER-DOWN OPERATION 


In the master, when PD is low, the UDLT stops modulating 
and only that circuitry necessary to demodulate the incoming 
bursts and output the signaling and VD data bits is active. In 
this mode, if the UDLT receives a burst from the slave, the 
$01, SO2, and VD pins will change state upon completion of 
the demodulation instead of the rising edge of MSI. The state 
of these pins will not change until either three rising MSI 
edges have occurred without the reception of a burst from the 
slave or until another burst is demodulated, whichever occurs 
first. 

When PD is brought high, the master UDLT will wait either 
three rising MSI edges or until the MSI rising edge following 
the demodulation of an incoming burst before transmitting to 
the slave. The data for the first transmission to the slave after 
power—up is loaded into the UDLT during the RE1 period 
prior to the burst in the case of voice, and on the present rising 
edge of MSI for signaling data. 
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In the slave, PD is a bidirectional pin with weak output 
drivers such that it can be overdriven externally. When held 
low, the UDLT slave is powered — down and only that circuitry 


necessary for demodulation, TE1/RE1/CLK generation upon | 


demodulation, and the outputting of voice and signaling bits is 
active. When held high, the UDLT slave is powered-up and 
transmits normally in response to received transmissions from 
the master. If no bursts have been received from the master 
within 250 ys after power-up (derived from the internal 
oscillator frequency), the UDLT generates an internal 125 ys 


_ free-running clock from the internal oscillator. The slave UDLT 


then bursts a transmission to the master UDLT every other 125 
ps Clock period using data loaded into the Rx pin during the 
last RE1 period and S11, SI2 data loaded in on the internal 125 
ps clock edge. The weak output drivers will try to force PD 


high when a transmission from the master is demodulated and 


will try to force it low if 250 us have passed without a transmis- 
sion from the master. This allows the slave UDLT to self 
power-up and down in demand powered-loop systems. 
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Figure 11. Slave UDLT Timing 
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DIFFERENTIAL-PHASE-SHIFT KEYING 


MODIFIED DIFFERENTIAL-PHASE-SHIFT KEYING | 


Figure 12. Modified Differential Phase Shift Keying 


Both the Differential-Phase Shift Keying and the Modified Differential-Phase-Shift Keying waveforms are shown 
above. The DPSK encodes data as phase reversals of a 256 kHz carrier. A ‘’0”' is indicated by a 180 degree phase shift 
between bit boundaries, while the signal continues in phase to indicate a ‘‘1’’. This method needs no additional bits to 
indicate the start of the burst. . . 

The Modified DPSK waveform actually used in the transceivers is a slightly modified form of DPSK, as shown in the 
figure. The phase-reversal cusps of the DPSK waveform have been replaced by a 128 kHz half cycle to lower the spec- 
tral content of the waveform, which, save for some key differences, appears quite similar to frequency-shift keying. 
The burst always begins and ends with a half cycle of 256 kHz, which helps locate bit boundaries. 


13a—BIT PATTERN—1010101000 13b—BIT PATTERN—RANDOM 


The bit pattern shown above in Figure 13a shows a stable waveform due to the even number of phase changes or 
zeros. The waveform shown in Figure 13b shows random data patterns being modulated. 


Figure 13. Typical Modulated Waveforms 
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“Ping pong” signals on 3000 feet of 26 AWG twisted pair wire as viewed at LI (Line Input) of the master ULDT and the 
slave UDLT. 


MASTER . , SLAVE 


BIT PATTERN— 1010101000 


MASTER SLAVE 


- BIT PATTERN—RANDOM 


Figure 14. Typical Signal Waveforms at Demodulator 
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Figure 15. Typical Multichannel Digital Line Card 
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Figure 16. Basic Digital Telset 
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Figure 17. Full Featured Digital Telset 
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Data Set Interface 


Asynchronous-To-Synchronous 


Synchronous-To-Asynchronous Converter ear 


The MC145428 Data Set Interface provides asynchronous to synchronous and 
synchronous to asynchronous data conversion. It is ideally suited for voice /data digital 
telsets supplying an RS-232 compatible data port into a synchronous transmission link. L SUFFIX 
Other applications include, data multiplexers, concentrators, data-only switching and CERAMIC 
PBX-based local area networks. This low power CMOS device directly interfaces with either CASE 732 
the 64 kbps or 8 kbps channel of Motorola’s MC145422 and MC145426 Universal Digital 


Loop Transceivers (UDLTs), as well as the MC 145418 and MC 145419 Digital Loop 

Transceivers (DLTs). 

@ Provides the Interface Between Asynchronous Data Ports and Synchronous» 
Transmission Links 

@ Up to 128 kbps Asynchronous Data Rate Operation 


@ Up to 2.1 Mbps Synchronous Data Rate Operation ppeiis 
@ On-board Bit Rate Clock Generator with Pin Selectable Bit Rates of 300, 1200, 2400, 

4800, 9600, 19200 and 38400 bps or an Externally Supplied 16 Times Bit Rate Clock 
@ Accepts Asynchronous Data Words of Eight or Nine Bits in Length 
@ False Start Detection Provided 
@ Automatic Sync Insertion and Checking 
@ Single 5 Volt Power Supply 
@ Low Power Consumption of 5 mW Typical PIN ASSIGNMENT 
@ Applications Notes AN943 and AN946 
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This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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MAXIMUM RATINGS (Voltages Referenced to Vss) 


eg | 
(Excluding Vpp. Vss) 


Storage Temperature 


Tstg 


Output High Current (Source) 
VOH = 2.5 V 
VOH =4.6V 

Output Low Current 


VoL =0.4V 
VoL = 0.8 V 


Operating Current 
(DC = 128 kHz, BC = 4.096 MHz) 


SWITCHING CHARACTERISTICS (CL = 50 pF, Vpp = 5 V, Ta = 25°C) 
Characteristic 


Baud Clock Bit Rate Input Frequency 
(BR1, BR2, BR3) = (0,0,0) 
(BR1, BR2, BR3) = non-zero 


Baud Clock Pulse Width 
Data Clock Frequency 
Data Clock Pulse Width 


MC 145428 DSI PIN DESCRIPTIONS 


Vpp. POSITIVE POWER SUPPLY 
The most positive power supply pin, normally 5 volts. 


Vss. NEGATIVE POWER SUPPLY 
The most negative supply pin, normally O volts. 


TxD, TRANSMIT DATA INPUT 


Input for asynchronous data. Idle is logic high; break is 11 
baud or more of logic low. One stop bit is required. 


RxD, RECEIVE DATA OUTPUT 


Output for asynchronous data. The number of stop bits and 
the data word length are selected by the SB and DL pins. Idle is 
logic high; break is a continuous logic low. 


TxS, TRANSMIT STATUS OUTPUT 


This pin will go low if the transmit FIFO holds 2 or more data 
words or if RESET is low. 


RxS, RECEIVE STATUS OUTPUT 


This pin will go low if framing of the synchronous channel is 
lost or not established or if RESET is low, or if the receive FIFO 
is overwritten. 


SB, STOP BITS INPUT 


This pin controls the number of stop bits the DATA 
FORMATTER will re-create when outputting data at the RxD 
asynchronous output. A high on this pin selects two stop bits; 
a low selects one stop bit. 


DL, DATA LENGTH INPUT 


This pin instructs the DS! to look for either 8 or 9 bits of data 
to be input at the TxD asynchronous input between the start 
and stop bits. The DL input also instructs the DSI’s 
SYNCHRONOUS CHANNEL RECEIVER and SYNCHRONOUS 
CHANNEL TRANSMITTER to expect 8 or 9 bit data words and 
also instructs the DSI's DATA FORMATTER to re-create 8or 9 
data bits between the start and stop bits when outputting data 
at its RxD asynchronous output. A high on this pin selects a 9 
bit data word; a low selects an 8 bit data word length. 
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MC145428 DSI PIN DESCRIPTIONS — cont'd. 


BC, BAUD CLOCK INPUT 


This pin serves as an input for an externally supplied 16 
times data clock. Otherwise, the BC pin expects a 4.096 MHz 
clock signal which is internally divided to obtain the 16 times 
clock for the most frequently used standard bit rates (see 
BR1-BR3 pin description). 


BRCLK, 16 TIMES CLOCK INTERNAL OUTPUT 


This pin outputs the internal 16 times asynchronous data 
rate clock. 


BR1, BR2, BR3, BIT RATE SELECT INPUTS 


These three pins select the asynchronous bit rate, either 
externally supplied at the BC pin (16 times clack) or one of the 
internally supplied bit rates. (See Table 1.) 


DCO, DATA CHANNEL OUTPUT 


This. pin is a three-state output pin. Synchronous data is 
output when DOE is high. This pin will go high impedance 
when DOE or RESET are low. When CM is low, synchronous 
data is output on DCO on the falling edges of DC as long as 
DOE is high. When CM is high, synchronous data is output on 
DCO on the rising edges of DC, while DOE is held high. No 
more than eight data bits can be output during a given DOE 
high interval when CM = high. This feature allows the DSI to 
interface directly with the MC145422/26 Universal Digital 
Loop Transceivers (UDLT’s) and PABX time division multi- 
plexed highways. 


DOE, DATA OUTPUT ENABLE INPUT 


See DCO pin description and the SYNCHRONOUS 
CHANNEL INTERFACE section. 


~ DIE, DATA INPUT ENABLE INPUT 


See DCI pin description and the SYNCHRONOUS CHANNEL 
NTEREQCE section. 


DC, DATA CLOCK INPUT 


See DCI and DCO pin descriptions and the SYNCHRONOUS 
CHANNEL INTERFACE section. 


CM, CLOCK MODE INPUT 


See the SYNCHRONOUS CHANNEL INTERFACE section 
and the SYNCHRONOUS CLOCKING MODE SUMMARY. eee 
Table 2.) - 


RESET, RESET INPUT 


When held low, this pin clears the internal FIFO’s, forces 
the TxD asynchronous input to appear high to the DSI's 
internal circuitry, forces TxS and RxS low. When returned 
high, normal operation results. 

When the RESET input is returned high the DSI's SYN- 
CHRONOUS CHANNEL RECEIVER will not accept or transfer 
any incoming data words on the DCI pin to the Rx FIFO until 
one ‘‘flag’’ word is input at the DCI pin. (Also see RxS pin 
description.) 


DCI, DATA CHANNEL INPUT 


Synchronous data is input on this pin on the falling edges of 
DC when DIE is high. 


Table 1. Programmable Baud Rates 


Bit Rate (bps) . BC in MHz _ BRCLK 
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CM = LOW, SYNCHRONOUS CHANNEL RECEIVER INPUT SWITCHING CHARACTERISTICS 
(CL = 50 pF, Vpp = 5 V, Ta = 25°C) (See Figure 1A) 


See eee Ee ee ee eee 
NOTES: 


DIE Fall Before DC Falls 
i a 
40 -5 
4 0) 
1. Time DIE must fall before DC falls in order to avoid reading the bit after B3. 


DIE Rise After Rise of DC 
DCI Data Stable Before DC Falling Edge 

2. Time DC must be high before DIE rise in order to avoid clocking in the bit before B1. (See Synchronous Channel Intertace for turtner detaiis and 
see Figure 1A.) 


DC! Data Stable After DC Falling Edge 
3. Time data must be stable on the DCI pin before falling edge of the data clock DC. 
4. Time data must be stable on the DCI pin after the falling edge of the data clock DC. 


DC 


DIE g 
th1 


oO 
hON — 


tsu2 tsul 


NOTE: When CM = 0, data bits are read into the DSI’s SYNCHRONOUS CHANNEL RECEIVER at the DCI pin on the falling edge of the signal formed 
by the LOGICAL NAND of DC and DIE. 
i.e. ¥ of DC @ DIE 


Figure 1A. CM = Low, Synchronous Channel Receiver Input Switching Characteristics 


CM = LOW, SYNCHRONOUS CHANNEL TRANSMITTER OUTPUT SWITCHING CHARACTERISTICS 
(CL = 50 pF, Vpp = 5 V, Ta = 25°C) (See Figure 1B) 


DC Falling to DOE Rising 
DOE Falling to DC Rising 


DOE Rising to DCO Active 
DOE Falling to High-Z of DCO 
DC Falling to DCO 


NOTES: 
5. Time DC must be low before the rising edge of DOE in order to avoid clocking out a data bit before B1. (See Synchronous Channel Interface 
section for further details and also Figure 1B.) 

. Time DOE must be low before the rising edge of DC in order for the (*) bit to be output in the B1 position in the next cycle. 

Propagation delay time from the rising edge of DOE to the low output impedance state of the DCO pin. 

Propagation delay time from the falling edge of DOE to the high output impedance state of the DCO pin. 

Propagation delay time from the falling edge data of the data clock DC to valid data on the DCO pin. 


OOND 
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HIGH IMPEDANCE 


HIGH IMPEDANCE 
" {2e2 «20 


DC 


DOE 


tp3 : 


tsu4 tsu5 
*This bit will be output in the B1 position on the next cycle of DOE. 


NOTE: When CM = Low, data bits are advanced from the DSI’s SYNCHRONOUS CHANNEL TRANSMITTER at the DCO pin on the rising edge of the 
signal formed by the LOGICAL NAND of DC and DOE. _ i.e. Sof DC @ DOE 


Figure 1B. CM = Low, Synchronous Channel Transmitter Output Switching Characteristics 


' CM = HIGH, SYNCHRONOUS CHANNEL RECEIVER INPUT SWITCHING CHARACTERISTICS 
(Ci = 50 pF, Vpp = 5 V, Ta = 25°C) (See Figure 1C) 


DIE Rising to DC Falling 
DCI to DC Falling 
DC Falling to DCI 


NOTES: 
10. Time DIE must be high before the falling edge of DC in order for the data bit to be accepted by the synchronous data input of the DSI. (See 


Synchronous Channel interface for further details.) 
11. Time DCI data must be stable before the falling edge of the data clock DC. 
12. Time DCI data must be stable after the falling edge of the data clock DC. 


DC 


DIE 


DCI 


DIE MAY BE RETURNED 
LOW ANY TIME AFTER 
THIS POINT. 


*Last bit accepted. 
NOTE: When CM = 1, data bits are read into the DSI's SYNCHRONOUS CHANNEL RECEIVER at the DCI pin on the falling edge of the signal formed 


by the LOGICAL AND of DC and DIE. (DC @ DIE) 


Figure 1C. CM = High, Synchronous Channel Receiver Input Switching Characteristics 
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(Cy = 50 pF, Vpp = 5 V, Ta = 25°C) (See Figure 1D) 


DC Falling to DOE Rising 


DOE Rising to Active Data on DCO 
DOE Falling to High-Z on DCO 


CM = HIGH, SYNCHRONOUS CHANNEL TRANSMITTER OUTPUT SWITCHING CHARACTERISTICS 


DC Rising to DCO ©" 


NOTES: 


13. Time DOE must be high before the falling edge of the data clock DC. 


14. Time delay between the rise of the DOE pin and the time the DCO reaches the low impedance state. 
15. Time delay between the fall of the DOE pin and the time the DCO pin reaches the high impedance state. 
16. Delay from the rising edge of the data clock DC to the valid data on the DCO pin. 


+ 


DC 


DOE 


NOTE: When CM = 1, data bits are advanced from the DSI’s 
SYNCHRONOUS CHANNEL TRANSMITTER at the DCO pin on the 
rising edge of the signal formed by the LOGICAL AND of DC and 
DOE. (DC @ DOE) 


*NOTE DATA WILL NOT CHANGE 


DOE MAY BE RETURNED 
LOW ANY TIME AFTER 
THIS POINT 


Figure 1D. CM = High, Synchronous Channel Transmitter Output Switching Characteristics 


CIRCUIT DESCRIPTION 


The MC145428 Data Set Interface provides a means for 
conversion of an asynchronous (start/stop format) data 
channel to a synchronous data channel and synchronous to 
asynchronous data channel conversion. Although primarily 
intended to facilitate the implementation of RS-232 compat- 
ible asynchronous data ports in digital telephone sets using 
the MC145422/26 UDLTs, this device is also useful in many 
applications that require the conversion of synchronous and 
asynchronous data. 


TRANSMIT CIRCUIT 


Asynchronous data is input on the TxD pin. This data is 
expected to consist of a start bit (logic low) followed by eight or 
nine data bits and one or more stop bits (logic high). The length 
of the data word is selected by the DL pin. The data baud rate is 
selected with the BR1, BR2, and BR3 pins to obtain the 
internal sampling clock. This internal sampling clock is 
selected to be 16 times the baud rate at the TxD pin. An 


externally supplied 16 times clock may also be used, in which 
case, the BR1, BR2, and BR3 pins should all be at logic zero 


and the 16 times sampling clock supplied at the BC pin. 


Data input at the TxD pin is stripped of start and stop bits and 
is loaded into a four-word deep FIFO register. A break 
condition is also recognized at the TxD pin and this informa- 
tion is relayed to the synchronous channel transmitter which 
codes this condition so it may be re-created at the remote 
receiving device. 

The synchronous channel transmitter sends one bit at a 
time under control of the DC, CM, and DOE pins. The 
synchronous channel transmitter transmits one of three 
possible data patterns based on whether or not the top of the 
Tx FIFO is full and whether or not a break condition has been 
recognized by the data stripper. When no data is available at 
the top of the Tx FIFO for transmission, the synchronous data 
transmitter sends a special synchronizing flag pattern 
(01111110). When a break condition is detected by the data 
stripper and no data is available at the top of the Tx FIFO, the 


_ break pattern (11111110) is sent. Figure 2A depicts this 


operation. 
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TOP OF FIFO NOT FULL AND 
NO BREAK CONDITION 


SEND THE FLAG 
CODE (01111110) 


TOP OF FIFO 
FULL 


TOP OF FIFO NOT FULL 
AND BREAK DETECTED 


BREAK CONDITION TOP OF FIFO 
REMOVED EMPTY 


SEND THE CODE SEND THE DATA 


FORA AT THE TOP OF THE 
“BREAK CONDITION’ Tx FIFO USING ZERO 
(17111110) INSERTION 


BREAK CONDITION TOP OF FIFO m 


PRESENT . FULL 


Figure 2A. Synchronous Data Channel 
Transmitter Operation 


When stripped data words reach the top of the Tx FIFO they 
are loaded into the SYNCHRONOUS CHANNEL TRANS- 
MITTER and are sent using a special zero insertion technique. 
When stripped data is being transmitted, the synchronous 
data transmitter will insert a binary O after any succession of 
five continuous 1's of data. Therefore, using this technique, 
no pattern of (01111110) or (11111110) can occur while 
sending data. This also allows the DSI to synchronize itself to 
the incoming synchronous data word boundaries based on 
the data alone. 

The receive section of the DSI (synchronous channel 
receiver) performs the reverse operation by removing a binary 

O that follows five continuous 1's in order to recover the 
transmitted data. (Note that a binary 1 which follows five 
continuous 1's is not removed so that flags and breaks may be 
detected.) Figure 2B shows an example of this process. 


ASYNCHRONOUS DATA WORD RECEIVED AT THE Tx0 PIN 
11141411, 11000000, 11111100 


ACTUAL SYNCHRONOUS WORDS TRANSMITTED BY THE SYNCHRONOUS 
CHANNEL TRANSMITTER 


FLAG, 01111110, 111110111. 110000000, 111110100, 01111110, FLAG, FLAG, --- 


P ttt | 


FLAG INSERTED ZEROS FLAG 


Figure 2B. Data Format Protocol 


. Ifthe incoming data rate at TxD exceeds the rate at which it 
is output at DCO, the FIFO will fill. The TxS: pin will go low 


when the FIFO contains two or more words. TxS may, 


therefore, be used as a local Clear-to-Send control line at the 
asynchronous interface port to avoid transmit data over-runs. 

In order to insure synchronization during the transfer of a 
continuous stream of data the DSI's synchronous channel 
transmitter will insert a flag synchronizing word (01111110) 
every 61st data word. The DSI's synchronous channel receiver 
checks for this synchronizing word and if not present, the loss 
of synchronization will be indicated by the RxS pin being 
latched low until the flag synchronizing word is received. Note 
that under these conditions the data will continue to output 
at RxD. 


RECEIVE CIRCUIT 


Data incoming from the synchronous channel is loaded into 
the MC 145428 at the DCI pin under the control of the DC and 


DIE pins (see SYNCHRONOUS CHANNEL INTERFACE 


section). Framing information, break code detection, and data 
word recovery functions are performed by the SYNCHRON- 
OUS CHANNEL RECEIVER. Recovered data words are loaded 
into the four word deep Rx FIFO. When the recovered data 
words reach the top of the Rx FIFO they are taken by the DATA 
FORMATITER, start and stop bits are re-inserted and the re- 
constructed asynchronous data is output at the RxD pin at the 
same baud rate as the transmit side. The number of stop bits 
and word length are those selected by the SB and DL pins. 

Loss of framing, if it occurs, is indicated by the RxS pin going 
low. Data will continue to be output under these conditions, 
but RxS will remain low until frame synchronization, i.e., the 
detection of a framing flag word, is re-established. If the 
output data rate is less than the data rate of the incoming 
synchronous data channel, data will be lost at a rate of one 
word at a time due to the bottom word on the Rx FIFO being 
overwritten. In order to prevent data loss (in the form of 
asynchronous terminal to asynchronous terminal over-runs) 
due to clock slip between remote DSI links, (during long bursts 
of continuous data) the DSI purposely reduces the length of 
the stop bit which it re-creates at its RxD output by 1/32nd. 
This action allows the originator of a transmission (of asyn- 
chronous data) to be up to 3% faster than the receive device is 
expecting for any given data rate. This tolerance is well within 
the normally expected differences in clock frequencies 
between remote stations. If the Rx FIFO is overwritten the RxS 
line will pulse low for one DC clock period following the 
over-writing of the bottom level of the Rx FIFO. 


INITIALIZATION 


Initialization is accomplished by use of the RESET pin. 
When held low, the internal FIFOs are cleared, the TxD input 
appears high to the data strippers internal circuitry, DCO is 
forced to a high impedance state, TxS and RxS are forced low. 
When brought high normal operation: resumes and the 
synchronous channel transmitter sends the flag code until 
data has reached the top of the Tx FIFO. Note that the TxS line 
will immediately go high after RESET goes high, while RxS 
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will remain low until framing is detected. The synchronous 
channel receiver section of the DSI is forced into a “HOLD” 
state while the RESET line is low. The synchronous channel 
receiver remains in the “HOLD” state after RESET goes high 
until a flag code word (01111110) is received at the DCI pin. 
While in the “HOLD” state no data words can be transferred 
to the Rx FIFO and, therefore, the DATA FORMATTER and RxD 
line are held in the MARK idle state. After receiving the flag 
code pattern the RxS line goes high and normal operation 
proceeds. RESET should be held low when power is first 
applied to the DSI. RESET may be tied high permanently, if a 
short period of undefined operation at initial power applica- 
tion can be tolerated. 


SYNCHRONOUS CHANNEL INTERFACE 


The synchronous channel interface is generally operated in 
one of three basic modes of operation. The first is a continuous 
mode. A new data bit is clocked out of the DCO pin on each 
successive falling edge of the DC clock, and a new data bit is 
accepted by the DSI at its DCI pin on each successive falling 
edge of the DC clock. In this mode of operation, the CM control 
line is always low and the DOE and DIE enable control lines 
are always high. This is the typical setup when interfacing the 
DSI to the 8 kbps signal bit inputs and outputs of the 
MC145422/26 UDLTs. (See Figures 3A and 4.) 

The second synchronous clocking mode is one in which 8 
bits at a time are clocked out of the SYNCHRONOUS 
CHANNEL TRANSMITTER, and 8 bits are read by the SYN- 
CHRONOUS CHANNEL RECEIVER at a time. The transferring 
of these 8 bit groups of data would normally be repeated on 
some cyclic basis. An example is a time division multiplexed 
data highway. In this mode (CM = 1), the rising edge of the 
enable signal DIE and DOE should be roughly aligned to the 
rising edge of the DC clock signal. When enabled, the data is 
clocked out on the rising edge of the DC clock through the 
DCO pin and clocked in on the falling edge of the DC clock 
through the DCI pin. A variation of this clocking mode is to 
transfer less than 8 bits of data into or out of the DSI on acyclic 
basis. If less thareight bits are to be transmitted and received, 
enable pins DIE and DOE should be returned low while the DC 
clock Is low. This is illustrated in Figure 3D where five bits are 
being clocked out of the DSI through the DCO pin and four bits 
are being input to the DSI through the DCI pin. 

This restriction does not apply if eight bits are to be clocked 
into or out of the synchronous channels of the DSI; i.e., the 
DSI has internal circuitry to prevent more than eight clocks 
following the rising edge of the respective enable signals). 
Figure 3B illustrates a timing diagram depicting an eight bit 
data format. If the DOE enable is held high beyond the eight 
clock periods the last data bit B8 will remain at the output of 


the DCO pin until the DOE enable is brought low to reinitialize 
the sequence. Similarly the DSI’s SYNCHRONOUS CHANNEL 
RECEIVER will read (at its DCI input) a miximum of eight data 
bits for any given DIE high period. 

The CM=high mode, using 8 bits of data, is the typical setup 
for interfacing the DSI to the 64 kbps channel! of the 
MC145422 or MC145426 Universal Digital Loop Trans- 
ceivers. (See Figure 3B and Figure 5.) 

In the third mode of operation, an unlimited variable 
number of data bits may be clocked into or out of the 
synchronous side of the DSi at a time. When the CM iine is 
low, any number of data bits may be clocked into or out of the 
DSI’s synchronous channels provided that the respective 
enable signal is high. Figure 3C illustrates three data bits 
being clocked out of the DCO pin and three data bits being 
clocked into the DCI pin. 

In the CM = low mode of operation, an internal clock is 
formed, which is the logical NAND of DC, DOE and CM, (DC@ 
DOE @ CM). It is on the rising edge of this signal that a new 
data bit is clocked out of the DCO pin. Therefore, the DOE 
signal should be raised and lowered following the falling edge 
of the DC clock (i.e., when the DC clock is low). 

Also in the CM = low mode of operation, another internal 
clock is formed which is the logical NAND of DC, DIE, andCM 
(DC @ DIE @ CM). It is on the falling edge of this signal that a 
new bit is clocked into the DCI pin. Therefore the DIE signal 
should be raised and lowered following the rising edge of the 
DC clock (i.e., when the DC clock is high). 

The following table summarizes when data bits are 
advanced from the synchronous channel transmitter and 
when data bits are read by the synchronous channel receiver 
dependent on the CM control line. (Shown below in Table 2.) 


Table 2. Synchronous Clocking Mode Summary 


Bits Read By 
The Synchronous 


Bits Advanced From 
The Synchronous 


Channel Transmitter On; | Channel Receiver On: 


The rising edge of an The falling edge of an 
internal clock formed by internal clock formed by 
the logical NAND of DOE | the logical NAND of DIE 
and DC. and DC. 


i.e Mof DOE @ DC i.e. y of DIE@ DC 


The falling edge of an 
internal clock formed by 
the logical AND of DIE 
and DC. 


i.e. y of DIE@ DC 


The rising edge of an 
internal clock formed by 
the logical AND of DOE 
and DC. 


i.e. A of DOE@ DC 
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TIMING DIAGRAMS 


Figure 3A. Synchronous |/O, Continuous Bit Rate, Clock Mode Low 
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Figure 3B. Synchronous I/O, Eight Bit, Clock Mode High 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-514 


MC145428 


DCO 


DC 


DCI 


DIE 


OC 


DOE 


DCO 


DIE 


DCI 


HIGH-Z 


HIGH-Z 
es 2) a8 6 
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| | 
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Figure 3C. Synchronous 1/0, Variable Bit Length, Clock Mode Low 
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Figure 3D. Synchronous I/O, Variable Bit Length, Clock Mode High 
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SAME AS IN CM = 0 MODE 
EXCEPT DOE MUST FALL 
BEFORE THE RISE OF DC 
TO AVOID THE OUTPUT OF 
6 BITS 


MC145428 


+5V - . | +5V 


TO LINE 
INTERFACE 
CIRCUIT 
MC14402 1¢ REI 
PCM 
- CLK : 
MONO-CIRCUIT 
7 RINGER 
CIRCUIT 
MC 145426 a 
SLAVE UDLT . 
| rT HOOK SWITCH 
. AND 
XI DIALER 
Sl2 $02 X2 
4.096 MHz 
TRANSMIT DATA 
MC 145406 RECEIVE DATA 
RS-232 CLEAR TO SEND 
DRIVER/ DATA SET READY/ 
RECEIVER CARRIER DETECT 
DATA TERMINAL 
READY 


4.096 MHz 


BAUD 
RATE 
SELECT 
SWITCH 


FORMAT 
SELECT 
SWITCH 


NOTE: Some pin connections on the MC145426 and MC 14402 have been omitted. Consult MC 145426 and MC14402 data sheets 
for more details. 


Figure 4. Digital Telset RS-232 Port Using 8 Kilobits/Second Channel of MC 145426 
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RDD rh 
TO U 

TDD INTERFACE 

RCE CIRCUIT 


MC14402 TOF 
PCM 
MONO-CIRCUIT 
ROC 


TDC SO CIRCUIT 


_ 2 sl al xl x MC 145426 
Vis PDI Vss oO] al & Ss SLAVE UDLT 
SH HOOK SWITCH 
eo lay i 
XI DIALER 
Si2. S02 x2 
4.096 MHz 
+5V 
uciasane TRANSMIT DATA 
Bare RS-232 RECEIVE DATA 
DRIVER/ CLEAR TO SEND 
eee RECEIVER DATA SET READY/ 
ae CARRIER DETECT 
+5V CM eer 
RESET 
4.096 MHz 
BC 
+5V MC 145428 
A ae BRI FORMAT 
~O - SELECT 
DATA : SWITCH 
QQ | 
+ © TO TELSET 
POWER 4. 
voice ——O aONhi = 
pp | CIRCUIT 


NOTE: Some pin connections on the MC 145426 and MC 14402 have been omitted. Consult MC145426 and MC 14402 data sheets 
for more details. 


Figure 5. Digital Telset RS-232 Port Using 64 Kilobits/Second Channel of MC 145426 for Voice or Data 
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Figure 6. Multiplexing Eight RS-232 Telset Ports Into 64 Kilobits/Second Channel of MC 145426 
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SEQUENCING AND 
SIGNALLING 


MC 145428 
BRCLK 


+12V 


+5V 


MC 145406 
RS-232 
DRIVER/RECEIVER 


Tx DATA 


Rx DATA 


- DIR 


CHANNEL 0 
DSR 


CTS 


MC145406 
RS-232 
DRIVER/RECEIVER 
Tx DATA 
Rx DATA 

DTR 


CHANNEL 7 
DSR 


CTS 
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CMOS 


TELSET AUDIO INTERFACE CIRCUIT (LOW-POWER COMPLEMENTARY MOS) 
The MC145429 is a silicon-gate CMOS Telset Audio Interface Circuit TELSET 
(TAIC) intended for microcomputer controlled digital or analog telset AUDIO INTERFACE 


applications. [he device provides the interface beiween a Codec/ filter CIRCUIT 
or analog speech network and the telset mouthpiece, earpiece, 
ringer/speaker amplifier, and an auxiliary input and output. The con- 


figuration of the device is programmed via a serial digital data port. 
Features provided on the device include: 


Independent Adjustment of Earpiece, Speaker, and Ringer Volume 
Transient Suppression Circuitry to Prevent Acoustic ‘’Pops”’ 
Receive Low-Pass Filter for 8 kHz Attenuation 

Sixteen Possible Audio Configurations 

Power-Down Mode with Data Retention 

20 dB Mouthpiece Input Gain 

Receive to Transmit Loopback Test Mode 

Provision for Auxiliary Input and Output 

Externally Adjustable Auxiliary Input Gain Be kth eee Bra es sotnes 
PCM Mono-circuit Compatible Power Supply Range CASE 707 CASE 726 
Digital Output for Speaker Amplifier Control — 
Versatile Logic Input Levels 

18-Pin Package 


SIMPLIFIED BLOCK DIAGRAM 


Earpiece 
Volume 
Control 


VDD = Pin 18 Ringer/ Speaker 
VAG=Pin 1 Volume 
VpG=Pin 2 Control 
Vss=Pin 9 


6 
+ 20dB Mpl 


Transmit 12 AxF 


Signal 
Selector 


Digital Control Logic 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS PIN ASSIGNMENTS 


[C*Rating «dS 
DC Supply Voltage Vpp-Vss ~0.5 to 13 a ae 
Voltage, Any Pin to Vss V —0.5 to Vpp+0.5 


: Vv 
Precwnavovss | | 
(Excluding Vpp. Vss) 
oe 
cm 


Operating Temperature Range —40 to +85 
Storage Temperature Range 


DC Supply Voltage Vpp-Vss 


DC Supply Voltage 
Nominally (Vpp— Vss)/2 
Power Dissipation 
Vpp-Vss=10V 
Vpp-Vss=12 V 
Power-Down Dissipation * 
Vop-Vss=12V -— 
Full Scale Input Levels 
Vpop-Vss=10V Rx, AxF 
Mpl 
Vpp-Vss= 12V Rxl, AxF 
Mpl 


Sampling Clock Input Frequency 


TRANSMISSION CHARACTERISTICS 
(Vpp to Vgss=10 to 12 V +5%; Ta=0 to 70°C; 0 dBm0=6 dBm ref 600 2; +3.17 dBm0=3.15 Vp; SCl= 128 kHz) 
Characteristic 
Gain 
840 Hz @ 0 dBm0, Max Gain Setting : Rx! to EpO 
Rxl to SO 
Rxl to AxO 
Rxl to TxO 
. AxF to TxO 
840 Hz @ — 20 dBm0 Mpl to TxO 
25 Mp! to EpO 
Gain vs Volume 
Relative to Volume Setting, with 840 Hz @ 0 dBm0 Input ys 
(~—3 to —21 dB) Rx! to EpO 
(—5 to —35 dB) Rx! to SO or AxO 
Idle Noise 
0 to 15 kHz, AxF= — Ax, Rxi= Mpl=6002 toVaG TxO, EpO, SO, or AxO 
C-Message 
In-Band Spurious Outputs 
840 Hz @ 0 dBm, 0.3 to 3.4 kHz, 2nd and 3rd Harmonic 


Out-Band Spurious Outputs 
840 Hz @ 0 dBm0, 0 to 20 kHz 


Gain vs Frequency 
Relative to 840 Hz @ 0 dBm0 
(0.3 to 3.0 kHz, All Gain Paths) 
(3.4 kHz, Rx Path) 
(8.0 kHz, Rx Path) 


Crosstalk 
840 Hz @ 0 dBm0 Rx to Tx and Tx to Rx 


Isolation from Any Input to Any Deselected Output 
Input= 840 Hz @ 0 dBm0 | 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp— Vss=10 to 12 V +5%, Ta =0 to 70°C) 
Input Leakage Current Sci, D, DC, DCE, Rxl, — Ax 
VAG, Mpl 


AC Input Impedance Rx\ 
Mpl to VAG 


PDi Internal Input Pull Down Resistor Impedance to Vss 


Output Voltage Range TxO, EpO, SO, AxO 
Vpop- Vss=10 V, RL = 600 to Vac 
VpD- Vss= iz V, RL =900 to VAG 

Output Current 

Source 

Sink 

Power Supply Rejection Ratio 

VAC= 100 mVrms, 0 to 20 kHz, Vpp, Vss 


V 


Logic Input Voltage (VpG=0 V) 
Vss to Vpp Mode 


VpG to Vpp Mode © 


Vss to VpG Mode 
Logic Output Voltage (V|pGg=0 V, |lg| <1 pA) 


Output Current (Vo= —4.5 V) 
(Vo=4.5 V) 


Maximum Frequency DC (Data Clock) | fmax | —- | 1.0 | MHz | 


| Minimum Pulse Width DC 
Minimum Pulse Width Low (SCI = 128 kHz) DCE tw2 


_ Propagation Delay (SCI = 128 kHz) DCE to SAE 


Setup Times DCEtoDC] toy 


Hold Times D to DC th1 0.5 
DCE to DC th2 0.5 


FIGURE 1 — DATA INPUT TIMING 


DCE 


tsul tw1 th2 jl tw2 


DC 
tsu2 th1: 


SAE 
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PIN DESCRIPTIONS 


Vpp.POSITIVE POWER SUPPLY (PIN 18) — Typically 
+3 to +6.5 volts with VaG=0 volts. 

Vss, NEGATIVE POWER SUPPLY (PIN 9) — Typically 
-3 to —6.5 with VaG=0 volts. 

VAG, ANALOG GROUND (PIN 1) — Typically 0 volts sup- 
plied by a mono-circuit in digital telset applications. All 
analog signals are referenced to this pin. 

VpG, DIGITAL GROUND (PIN 2) — Typically common to 
logic ground. All internal digital logic operates between VpG 
and Vpp. VpG preferably equals (Vpp — Vss)/2. 

SAE, SPEAKER AMPLIFIER ENABLE (PIN 3) — The SAE 
output will be at VDpp whenever the external speaker 
amplifier is required, otherwise SAE is at VSs. 

DCE, DATA CLOCK ENABLE (PIN 4) — This digital input 
enables the serial data entry circuitry and also latches the 
serial data into the appropriate data register. 

DC, DATA CLOCK (PIN 5) — This digital input allows data 
on the D pin to be shifted into the serial input data register on 
rising edges of DC whenever DCE is active. 

D, DATA (PIN 6) — Digital data, required to set the con- 
figuration or gain of the audio interface, is applied to the D 
pin and will be shifted into the serial input register by DC 
- whenever DCE is active. 

SCI, SAMPLING CLOCK INPUT (PIN 7) — The clock ap- 
plied to this digital input is used to sample the audio signals. 
This. frequency is nominally 128 kHz and is typically provided 
by the slave Universal Digital Loop Transceiver such as the 
MC145426 in digital telset applications. This clock must be 
applied during data transfers. 

PDI, POWER-DOWN INPUT (PIN 8) — This pin allows all 
analog circuitry on the device to be powered down while re- 
taining all digital data. An internal pull-down resistor con- 
nected to Vss will insure the powered-down state during 
system power up. 

Rxl, RECEIVE INPUT (PIN 10) — This pin is the input to 
the receive low-pass filter and volume controls, and is 
typically driven from RxO of a mono-circuit in digital telset 
applications. 

— Ax, INVERTING AUXILIARY INPUT (PIN 11), AxF, 
AUXILIARY FEEDBACK (PIN 12) — These two pins are the 
inverting input and output, respectively, of the auxiliary in- 
put operational amplifier and are used to set the gain of the 
auxiliary input. The noninvei “ng input of the Ax amp is inter- 
nally connected to VAG. 

AxO, AUXILIARY OUTPUT (PIN 13) — This output drives 
the input to an external auxiliary circuit and will be at VAG 
when disabled. 

SO, SPEAKER OUTPUT (PIN 14) — This output drives an 
external speaker amplifier, and when disabled will be at 
VAG: 

EpO, EARPIECE OUTPUT (PIN 15) — This output drives 
the handset earpiece which may require a series resistor to 
set the correct signal level. This output will be at VAG when 
disabled. 

Mpl, MOUTHPIECE INPUT (PIN 16) — The mouthpiece 
microphone circuit is connected to this pin. 

TxO, TRANSMIT OUTPUT (PIN 17) — This is the audio 
output pin of the device and is typically used to drive the Tx! 
pin of a mono-circuit in digital telset applications. 


DEVICE OPERATION 


The telset audio interface IC consists of two major sec- 
tions: an analog subsystem and a digital subsystem. The 


digital subsystem provides an interface to a microcomputer 


and generates the necessary control signals to configure the 
analog subsystem as desired. 


ANALOG SUBSYSTEM 


The analog subsystem provides the low-pass filtering, 
audio-signal routing, gain adjustment, and signal summing 
required for a digital or analog telset application. This sub- 
system consists of a receive and a transmit signal path. 


RECEIVE SIGNAL PATH 


The receive audio signal, typically from the RxO output of 
a PCM mono-circuit or a speech network, is input to the 
audio interface via the RxI pin. Once buffered into the device 
and passed through the low-pass filter, the audio signal has 
four possible destinations: earpiece output, speaker output, 
auxiliary output, or loopback to the TxO output. 

The audio path to the earpiece output consists of an ear- 
piece volume control and summing output amplifier. The 
volume control is an eight-step attenuation circuit with 
—3 dB steps and unity gain at the maximum setting. The 
steps are selected by a 3-bit binary code with Og and 7g, the 
minimum and maximum settings, respectively. The output of 
the earpiece volume control is summed (0 dB gain) with a 
sidetone (— 17 dB gain) from the mouthpiece input. The ear- 
piece output is capable of driving an earpiece transducer 
which typically requires 200 mVp-p into 150 ohms. The gain 
to the earpiece to attain the proper sound pressure level may 
be adjusted with a resistor in series with the earpiece. When 
the audio interface is configured such that the earpiece is not 
selected, the earpiece volume control and the summing out- 
put amplifier are powered down. 

The audio path to the speaker output consists of a volume 
control and an output driver. The volume control is an eight- 
step attenuation circuit with —5 dB steps and unity gain at 
the maximum setting. The steps are selected by a 3-bit 
binary code with 0g and 7g, the minimum and maximum set- 
tings, respectively. The binary code may be from either of 
two volume registers: the speaker volume register, selected 
when the speaker is used for voice, or the ringer volume 
register, selected when the speaker is used for ringing. The 
register used is determined by the current configuration of 
the audio interface. The output of the volume control is fed 
into a unity gain output buffer which is intended to drive a 
speaker power amplifier. The speaker/ringer volume control 
and output buffer power down when not selected. 

The auxiliary output is similar to the speaker output and is 
powered down when not needed. This output can be used to 
drive a conference phone circuit or the receive portion of a 
modem. 

The three analog outputs, EpO, SO, and AxO, have a tran- 
sient suppression circuit which eliminates the possibility of 
acoustic ‘pops’ during configuration or volume changes. 
This same circuit keeps the output at VAG when it is not 
selected. When enabled, the output signal slews directly 
from VAG to the audio signal. 

The other possible destination for the receive audio is the 
TxO audio output. This is an audio loopback configuration 
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which allows a system to test the operation of the audio path 
in the telset. In the loopback configuration, the output of the 
ringer/speaker volume control is switched into the TxO out- 
put amplifier input. 


TRANSMIT SIGNAL PATH 


The transmit portion of the analog subsystem consists of a 
unity gain output driver which has three possible inputs. The 
input selection depends upon the current configuration of 
the audio interface. One of these inputs is used in the loop- 
back configuration discussed above. The auxiliary inputs, 
AxF and — Ax, allow gain adjustment from an auxiliary cir- 
cuit, and the third input, Mpl, is from the mouthpiece 
microphone and is amplified 20 dB by the input amplifier. 
Two configurations allow use of the auxiliary inputs as a 
mouthpiece input without sidetone, which is useful in analog 
telset applications. 


DIGITAL SUBSYSTEM 


The digital subsystem provides a three-wire serial input 
which allows a microcomputer to program the audio con- 
figuration of the audio interface. 

Data is clocked into the audio interface using the DCE, 
DC, and D pins. DCE going high enables the data input cir- 
cuitry. While DCE is high, data appearing on the D pin is 
clocked into the serial input data register on rising edges of 
DC. The falling edge of DCE latches the serial data into the 
appropriate register. 

The serial data input format consists of five bits as shown 
in Figure 2. _ 

Configuration/ Volume bit (C/V), loaded last, indicates the 
type of data contained in the data field DO-D3. When C/V is 
a ‘‘1", the data indicates the device configuration to be 
established. When C/V is a0", the data indicates a volume 
level. The volume control which receives the data depends 
upon the current configuration of the audio interface. 


FIGURE 2.— DATA FORMAT 


DCE | | 


» KKK KAXEKKID 


OULU 


When C/V is ‘1’, DO-D3 are loaded into the configuration 
register. The four configuration register bits then address a 
ROM which has outputs to control the analog subsystem 
elements, enable the appropriate volume register, select the 
appropriate volume register for the speaker/ringer volume 
control, and provide the SAE output. 

When C/V is "0", the data bits D1-D3 are loaded into the 
volume register which has been selected by the ROM. For 


volume changes, only D1-C/V need be transferred. How- 
ever, ‘if five bits are loaded into the serial input data register 
and C/V is low, DO will be ignored. 

If six or more data bits are clocked in while DCE is high, 
the last five bits clocked will be accepted when DCE goes 
low. 

The digital input SCI is used by the analog subsystem as a. 
sampling clock for signal processing and by the data input 
circuitry as a sequencing clock during data transfers. 

The PDI input, when low, powers down the analog sub- 
system; however, all data is retained in the data registers and 
data may still be loaded into the serial input data register as 
usual as long as SCI is present. An internal pull-down 
resistor to Vss is connected to PDI to insure the power- 
down state upon application to Vpp and Vss. 

The five digital inputs are DCE, DC, D, SCl and PDI. After 
one logic transition change, the input logic determines which 
of the three possible input voltage swings is used, and 
responds accordingly to future input levels. 

There are two input logic circuits per input pin. The first 
operates from VpgG to Vpp with TTL levels referenced from 
VpG. The second circuit uses VpgG as the positive supply 
and Vss as the negative, sensing CMOS input levels from 
Vss to VpG. The internal logic looks at the output of these 
two circuits and determines the input logic levels used. This 
permits logic level swings of Vss to VpG, VpG to Vpp, or 


Vss to Vpp. 


CONFIGURATION MODES 


The audio interface configuration set provides a total of 16 
possible configurations. A description of each of the modes 
follows. 


LOOPBACK 


This is a system test mode which loops received audio 
through the ringer/system volume control and out the TxO 
output amp. 

The ring volume register controls the ringer/speaker 
volume control and new volume data enters the same 
register. 


STANDBY 


This mode accomplishes the same result as the PDI pin 
except for powering down the TxO amplifier. All other 
amplifiers are powered down and all transmission gates are 
turned off. Volume data is latched into the ring volume 
register. 


STANDARD A 


The standard A mode resembles that of the ordinary 
telephone. Rx! audio is passed through the earpiece volume 
control and summed with a sidetone from the mouthpiece 
before being presented to the earpiece. Tx audio originates 
at the mouthpiece input, receives 20 dB of gain, and is then 
passed to the TxO output. New volume data is stored in the 
earpiece volume register. Transmit mute in this mode 
disable the path from the mouthpiece amplifier to the TxO 
amplifier. 
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RING . 5 

This is a receive only mode in which the receive audio is 
passed through the ringer/speaker volume control and out- 
put via the SO output. The ring volume register is selected to 
properly attenuate the ringing signal in the ringer/speaker 
volume control and any new volume data is written into the 
same register. Transmit mute has ‘no effect in this mode and 
SAE goes high. | | 


ON HOOK DIALING 

This mode will allow a user to dial without taking the hand- 
set off hook. Audible feedback from the speaker could in- 
dicate dial tone, key depressions, etc. Receive audio passes 
through the ringer/speaker volume control and out the SO 
output. The transmit signal will originate at the auxiliary in- 
put which could be used for a DTMF dialer input. The 
speaker volume register is applied to the volume control and 
new volume data is latched into the same register. Mute will 
disable the transmit path from the auxiliary input. SAE will 
be high in this mode, enabling the speaker amplifier. 


RECEIVER MONITOR A 


This mode is similar to the standard A mode except the 
receive audio is also applied to the speaker output. Receive 
audio passes through both volume controls and out the EpO 
and SO pins. The speaker volume register controls the 
ringer/speaker volume control and new volume data is writ- 
ten into the speaker volume register. Transmit audio is taken 
from the mouthpiece input and output via the TxO amplifier. 
Transmit mute disables and mouthpiece amp to TxO amp 
path. SAE is high, enabling the speaker amplifier. 


AUXILIARY 
A suggested application for this mode would be for an op- 


tional conference phone circuit to be connected to the aux- 
iliary input and output pins. Basically, a conference phone is 
a voice activated half-duplex controller which allows hands 
free conversation without audio feedback problems. 
Another useful application would be to connect a modem to 
the auxiliary input and output, thus eliminating the require- 
ment for several components. In this mode the receive audio 
is passed through the ringer/speaker volume control and out 
the AxO pin. The SAE pin goes high, enabling the speaker 
amplifier. The transmit audio enters the audio interface via 
the auxiliary input amplifier and is connected directly to the 
TxO output amp. The speaker volume register controls the 
volume control and new volume data enters the same 
register. Transmit mute disables AxF from the input to the 
TxO output amp, disables AxO and enables the SO output. 


STANDARD B 


This mode is identical to the Standard A mode with one 
exception: the TxO signal originates at the auxiliary input in- 
stead of Mpl. This allows use of the Telset Audio Interface in 
applications that generate sidetone in a speech network. 
Mute disables the transmit path from the auxiliary input. 


RECEIVE MONITOR B 

This mode is identical to the Receive Monitor A mode with 
the same exception as the Standard B mode described 
above. . 


MODE AND VOLUME CONTROL 


The data patterns required to program the audio interface 
mode or set the volume levels are summarized in Figures 3 
and 4. 
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FIGURE 3 — MODE CONTROL SUMMARY 


Volume 
Register 
Selected 


Ww 
NO 


ee 
se 


Z 3 at fing 
LT a 
Pon-Hook baeg oP of tf Ot Soak 
Fon took Daingiawe oT p11] Speaker 
a 
Receiver Monitor A/Mute 1 { 1 { 0 | O | 1 | Speaker | 
a CN ST 
CC CO A 
Stindg Ba 

[Stando aime 


Attenuation (dB) 


Speaker/ 
Earpiece Ringer C/ 


X= Don't Care 


18 


ae ae 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-525 


97S-C 


VIVG S90IASC SNOILVOINNWNOOS TAL VIOHOLOW 


Vpp=+3 to +6.5V 
Vss=-3to -6.5V 


2.048 MHz — Parallel Resonant - 


10 MQ 

MC14024 

eR: Clock 
MC14011UB Reset 04 
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Vss Vss Ss 
VoD 
100 ka 


FIGURE 5 — TEST CIRCUIT 
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FIGURE 6 — DIGITAL WORK STATION 
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= SEMICONDUCTOR I 
TECHNICAL DATA 


Advance Information | 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


. | 2600 Hz TONE 
2600 Hz TONE SIGNALLING FILTER 3 SIGNALLING FILTER 


This device contains a bypassable 6 pole 2600 Hz notch filter,.a 2600 Hz 
band-pass filter and a 2600 Hz sinewave generator for SF signalling/detec- 
tion applications. 

@ +5V to +8 V Single or Split Supply Operation 
@ Low Power Consumption, 80 mW @ 10 V 
200 mW @ 15 V 
@ On-Board Crystal Oscillator or External Clocks SS 
@ Notch Filter Gain Adjustable NR Y 
@ Uncommitted Op Amp Capable of Driving 600 2 Loads ih. il 
@ TTL or CMOS Compatible Inputs 18 
@ 18-Pin Package , | 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 726 CASE 707 


BLOCK DIAGRAM 


2600 Hz 
'6 Pole Notch 
Filter 


Clock 
Circuit 


2600 Hz 2600 Hz — . 
_ Sine 2 Pole Vpp=Pin 18 
Generator Band Pass VAG=Pin 1 

: Vss=Pin9 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS (Vss=0 V) PIN ASSIGNMENT 


Symbol 
DC Supply Voltage VDD —0.5 to 18 


DC Current Drain Per Pin 
(Not Vpp or Vss) 


RECOMMENDED OPERATING CONDITIONS 


sya [in [| | Ur 


Operating Current (CMOS Mode) @ 2.048 MHz 
(TTL Mode) @ 2.048 MHz 
MODE CONTROL LOGIC LEVELS 
Vis (TTL Mode) Peten 
Vis (CMOS Mode) 
VIH 
ViM 
VIL 


Clock Select (CS), Vag=(Vpp-— Vss)/2 State 1 
State 2 
State 3 


input Current (C1, C2, CS, NE) 1" Level 
0" Level 


Input Voltage (C1, C2, CS, NE) “1” Level 
0" Level 

Output Voltage (CO) |g =8mA "1" Level 
lI9o=2.5mA "0" Level 


Input Current (C1, C2, CS, NE) “1 Level 
"0" Level 


Input Voltage (C1, C2, CS, NE) “1"" Level 
“0” Level 


Output Current (CO) VOH=9.5V 
VoL=0.5V lO. 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp=10 V, Vag=Vpp/2. Vsg=0 V, Ta=0 to 70°C) 


Characteristic Symbol | Min | Typ | Max — | Unit | 
[Oc input Curent Wn) Sd 
AC Input Impedance (1 kHz) (Vin) ee a ee eee ee 
Input Voltage Range (Vin) lL sVin'. | Weer itis.“ pp ete. | 
Output Drive Current VoH=VpD-1.2V —0.4 Ee 
(TO, BPO, NO) | VoL=Vss+1.2V lOL +0.9 


OP AMP PERFORMANCE (Vpp=10 V, Vag=Vpp/2, Vss=0 V, NE=Vss, VLS=Vpp, TA=0 to 70°C) 


Input Offset Voltage (AO, BO) 


VIO 
Open Loop Gain (AO, BO) Zi = 60022 + 200 pF to VAG AOL 
Input Bias Current (Vij, A—,B-—, B+) 


omaolo-o ou 
He 
O 
—_, 


Output Voltage Range (AO, BO) 


< 
O 


(Ry =20 kQ to Vac) 
(Ry, = 900 2 to Vac) 


(Ry =600 Q to Vac) 


‘Output Current (AO, BO) VoOH=Vppbp-—1.2 V 
VOL=Vss4+1.2V lon 


Output Noise (AO, BO), 900 2 
Slew Rate (AO, BO) 


dBrnc 
V/ps 


on Oo 


Ps) 


Characteristics 
Input Overload Voltage 
Gain (+2 dBm into: 900 2 @ 1 kHz) 
Idle Noise, Vin = VAG, 900 2 


Pass-Band Gain, Ref. 1 kHz Note Figure 1 
300 Hz to 2 kHz 
2 kHz to 2.2 kHz 


2.2 kHz to 2.4 kHz 
2.8 kHz to 3 kHz 
3 kHz to 3.38 kHz 


3.38 kHz to 4 kHz 


Rejection, Ref. 1 kHz. * 

’ 2.58 kHz to 2.59 kHz . 
2.59 kHz to 2.61 kHz a 
2.61 kHz to 2.62 kHz _ 


Output Offset . mV 
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BY-PASS CHARACTERISTICS (Vj, to AO, NE Low, bu iaal Vi VAG=VDDO/22CS = Ves=0, TX=040 70°C) 


pe haracteristics Sd Min’ | Max _| 
cc BT A 
a 
| 50 | 


Noise, Vin= VAG, 900 2 
Output Offset 


Center Frequency, fo 


Gain (+2 dBm into 900 @ @ 2.6 kHz) 
Idle Noise, Vin= VAG, 900 Q 
Output Offset 


TONE OUT CHARACTERISTICS (Vpp=10 V, VaGc/2, CS=Vss=0, Ta=0 to 70°C) 


Output Level 0.725 
Output Offset 


FIGURE 1 — NOTCH RESPONSE PARAMETER 


4 
A, 


oO) 


Vout/Vin, GAIN (dB) (Relative to 1 kHz) 


—45 


~ 55 


300 2 2.4 2.099 2.62 3 
. 22 2.58 2.61 2.8 4 
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PIN DESCRIPTIONS 


Vppb, POSITIVE POWER SUPPLY (PIN 18) 
Most positive supply. 


Vss, NEGATIVE POWER SUPPLY (PIN 9) 
Most negative supply. 


VAG, ANALOG GROUND (PIN 1) 


This pin is a high impedance input which serves as 
analog ground reference. This pin is nominally held at 
(Vpp-Vss)/2. 


AO, OP-AMP OUT (PIN 2) 
A—, OP-AMP IN (PIN 3) 


These pins are forthe output buffer amp which is capable 
of driving 600 2 loads. A— is the inverting input of this amp 
while AO is its output. This amp buffers either the output of 
the notch filter or the input signal at Vj, depending on the 
state of the NE pin. 


Vin, INPUT (PIN 4) 


This pin is the input to the notch filter, band-pass filter, 
and notch by-pass switch. | 


NO, NOTCH OUTPUT (PIN 5) 


This pin is the output of the notch filter and can drive 
20 kQ loads. 


NE, NOTCH ENABLE (PIN 12) 


When high (see Vis pin) the notch filter output is applied 
to the line buffer output amp. When held low (see Vi§ pin) 
the input at Vin is applied to this op amp. 


TO, TONE OUTPUT (PIN 13) 


A 2600 Hz sine wave is output at this pin. This pin can 
drive a 20 kQ load. 


BPO, BAND-PASS OUT (PIN 14) 


This pin is the output of the 2600 Hz band-pass filter and 
can drive a 20 kQ load. 


B+, OP-AMP NONINVERTING INPUT (PIN 17) 


This pin is the noninverting input to the uncommitted op- 
amp provided on the circuit. 


B— , OP-AMP INVERTING INPUT (PIN 15) 
This pin is the inverting input of the uncommitted op-amp 
provided on the circuit. 


BO, OP-AMP OUTPUT (PIN 16) 


This pin is the inverting input of the uncommitted op-amp 
provided on the circuit. 


CS, CLOCK SELECT (PIN 6) 
Ci, C2, CLOCK INPUTS (PINS 7 AND 8) 


When held at Vpp, CS selects the internal crystal 
oscillator clock mode. A 3.579545 MHz crystal is connected 
between pins C1 and C2. A 10 MQ resistor should be tied 
across C1 and C2 along with 20 pF capacitors to Vss to 
insure stable oscillator operation. When tied to Vss, a 
2.048 MHz external clock should be applied to C2. When tied 
to VAG, a 1.536 MHz external clock should be applied to C2. 
In both external clock modes, C1 should be tied to Vss. 


Vis, LOGIC SHIFT VOLTAGE (PIN 10) 


This pin determines CMOS or TTL level compatibility for 
C1, C2, NE and CO. If tied to Vpp, CMOS device levels are 
expected; if tiled to a voltage less than Vpp—4 V, TTL levels 
are expected with V1_S equal to logic ground. 


CO, CLOCK OUTPUT (PIN 11) 


A 128 kHz square wave Is available at this pin. This is the 
sample clock of both the notch and band-pass filters. 


FIGURE 2A — FREQUENCY SELECTION TABLE 


Filter 


Switching - 
Frequency 


Notch/ Bandpass 
Center 
Frenquency Digital Clock Out 


(CO) 


Clock (Hz) Clock (Hz) T; 
1376 


External 
(C1=Vss) 
External 
(C1=Vss 


fs 
28 

12 ; 
16 


Clock (Hz) Clock (Hz) fC 
590 


Clock (Hz) 


aed 
ed 


Clock (Hz) 


NOTE: Switching Frequency (fs) Range = 10 kHz to 256 kHz 


FIGURE 2B — FREQUENCY SELECTION TABLE 


‘Clock Out 
_ (CO) 


1.536 MHz 128 KHz 2603.4 Hz 
"2.048 MHz ©. 428 kHz - 2599 Hz 


Filter 
Select Clock Switching 
(CS) Source Frequency 
(CT, C2) 
VAG External 
(C1=Vss) 
Vss External 
(C1=Vss) 


Tone 
Out (TO) 
~ 2601 Hz 


127.8 kHz 
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Vout!Vine GAIN (dB) 


FIGURE 3 — TEST CIRCUIT 
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MOTOROLA | 
a SEMICONDUCI EA 
TECHNICAL DATA 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


TUNEABLE NOTCH/ 
BAND-PASS FILTER 


2 ~ Advance Information _ 


TUNABLE NOTCH/BAND-PASS FILTERS 


This device contains a 6-pole filter and 4-pole band-pass filter which 
are frequency programable. 


@ +5to +8 V Supply Operation 

@ Low Power Consumption, 150 mW Typical 

@ Tuneable Notch and Band-pass Filters 

@ On-board Crystal Oscillator or External Clocks 

@ Clock Output Pin | 

@ An Uncommitted Op-Amp Is Provided, Capable of Driving 600 0 
Loads | 

® Notch Filter Output Gain Adjustable 

@ TTL or CMOS Compatible Inputs 

® 16-Pin Package 


L SUFFIX 
CERAMIC PACKAGE 
CASE 620 


BLOCK DIAGRAM 


Notch In- 


6-Pole 
Notch Filter 


Clock 1 


Clock 2 


Clock 
Circuitry 


Clock Out 


VLS 


Clock 
Select 
Band-pass 11 

In 


5 


4-Pole 
Band-pass Filter 


12 | 

Band-pass Out Vop= Pin 16 
Vss=Pin8 

VAG=Pin 1 
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MAXIMUM RATINGS (Vs =0 V) PIN ASSIGNMENT 


DC Current Drain Per Pin 
(Not Vpp or Vss) 


RECOMMENDED OPERATING CONDITIONS 
Parameter 


DC Supply Voltage 


Characteristic 


Operating Current (CMOS Mode) @ 2.048 MHz 
(TTL Mode) @ 2.048 MHz : 


Input Capacitance Cin 


Vis (TTL Mode) 
Vig (CMOS Mode) Vpp-0.5 


Clock Select (CS), Vag=(Vpp-Vss)/2 State 1 
State 2 
State 3 


Input Current (C1, C2, CS) “1” Level 
“O"’ Level 

Input Voltage (C1, C2, CS) . 1"'Level VIH 
0" Level VIL 


Output Voltage (CO) lo =8mA “1” Level VOH 
lIo=2.5mA 0" Level VOL 


Input Current (C1, C2, CS) “1” Level 
“0” Level 

Input Voltage (C1, C2, CS) “1 Level 

| 0" Level 


Output Current (CO) VOH=9.5V 
VoL=0.5V loL 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp=10 V, Vag=Vpp/2. Vss=0 V, Ta=0 to 85°C) 


Input Voltage Range (NI and BPI) 


Output Drive Current VOH =Vpp —1.2V 
(BPO) VoL=Vsst1.2V 


OP AMP PERFORMANCE (Vpp=10 V, Vag=Vpp/2, Vss=0 V, VLS=Vpp. TA=0 to 85°C) 


Characteristic Symbol | Min | Typ | 


input Offset Voltage (BO) 1 es ae 


Open Loop Gain (BO) Z| = 6002 + 200pF to Vac 
Input Bias Current (A-—, B—, B+) | ip 


Output Voltage Range (BO) Vo 
(RL = 20 kQ to Vac) 


5 


v 


.— 
> 


(Ri = 900 @ to Vac) 
(Ri, = 600 2 to Vac) 


Output Current (BO) VOH=Vpp-1.2 V IOH =5 
VOL=Vssg4+1.2V IOL +5 
Output Noise (BO), 900 0 
Slew Rate (BO) 


> 


< 
= S =. 
A 1D -t 


Q 
ee) 


' Characteristics 
Input Overload Voltage 
Gain (+2 dBm into 900 Q @ 1 kHz) 
Idle Noise, NI= Vag, RL =900 2 


Pass-Band Gain, Ref. 1 kHz (Note Figure 1) 
300 Hz to 2.2 kHz 


2.2 kHz to 2.4 kHz 
2.8 kHz to 3 kHz 
3 kHz to 4 kHz 
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BAND—PASS FILTER ELECTRICAL CHARACTERISTICS (Vpp=10 V, Ni= Vac, VAG=Vpp/2, Vgg=0 V, Ta=0 to 85°C) 


Symbol] _Min_| 
Input Rise and Fall Times OF eae OF | tte | | 


Ca is aeons 3 oe ae ae 

[Clock Frequency (TTLMode) SSS te | | 2 ie 
[Clock Frequency (CMOSModel—SSSCSC~S—CSCS Te | 
foystarequency SSC 
[input Puise Wid (GMOSMode) SSCS | tw | es | - | 
Switching Frequency (Internal) nae aes 


FIGURE 1 — NOTCH RESPONSE PARAMETER 


Vout/Vin, GAIN (dB) (Relative to 1 kHz) 


300 Z 2.4 2.59 2.62 3 
2:2 2.58 2.61 2.8 4 


FREQUENCY (kHz) 
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PIN DESCRIPTIONS 


Vp (PIN 16) | 
Most positive supply, nominally +12 V to +15 V. 


Vss (PIN 8) 
Most negative supply, nominally 0 V. 


VAG (PIN 1) 

Analog ground. This pin is a high impedance input which 
serves as analog ground reference. This pin is nominally held 
at (Vpp — VSs)/2. 


CS, CLOCK SELECT (PIN 5) 


This pin controls the configuration of the digital section of 
the circuit. Three different clock divide configurations can be 
obtained by tying this pin to either Vpp, VAG or VSs. 


Vis, LOGIC SHIFT VOLTAGE (PIN 9) 


This determines the logic levels expected at the digital in- 
put C1 and C2. If tied to Vpp, CMOS logic levels are ex- 
pected; if tied to a voltage less than Vpp —4 V, TTL levels 
are expected with VLS equal to logic ground. This pin also 
controls the output swing at pin CO in a similar manner, i.e., 
TTL or CMOS levels. 


CO, CLOCK OUT (PIN 10) 


This pin is the digital clock output pin. It is equal to the 
switching frequency, fs of the notch and band-pass filters. 


C1, C2, CLOCK 1, CLOCK 2 (PINS 6 AND 7) 
When CS is tied to Vpp, a 1 to 4 MHz crystal is tied to C1 
and C2. The switching frequency, fs, of both filters is deter- 
mined by the crystal frequency and is given by: 
f crystal 
28 


=fy 


With CS tied to VAG, an external clock frequency must be 
applied into C1 and C2 tied together. The switching frequen- 
cy fg for the notch and band-pass filters are equal to the ex- 
ternal clock frequency divided by 16. When CS is tied to 
VSS, operation is identical to that when tied to VAG, except 
that the clock is divided by 1 instead of 16. 


NI, NOTCH INPUT (PIN 4) 
This pin is the analog input to the notch filter. 


AO, OP-AMP OUT (PIN 2), A~, OP-AMP INOUT (PIN 3) 


These pins are for the output buffer amp of the notch 
filter. A— is the inverting input of this amp while AO is its 
output. This op-amp is capable of driving a 600 ohm load. 


B+, OP-AMP NONINVERTING INPUT (PIN 15) 


This pin is the non inverting input to the uncommitted 
op-amp provided on chip. 


B—, OP-AMP INVERTING INPUT (PIN 13) 
This pin is the inverting input to the uncommitted op-amp. 


BO, OP-AMP OUTPUT (PIN 14) 


This pin is the output of this uncommitted op-amp. This 
op-amp is capable of driving a 600 ohm load. 


BPI, BAND-PASS IN (PIN 11) 
This is the input to the band-pass filter. 


BPO, BAND-PASS OUT (PIN 12) 
This is the output of the band-pass filter. 


FUNCTIONAL TRUTH TABLE 


Filter 
Switching 
Frequency. 
fs 


co 
pas, Clock (Hz) Clock (Hz) f ; 
ee 28 137.844 s 
Clock (Hz) Clock (Hz) 
——_——_—— —_—— fo of Not 


Notch/ Bandpass 
Center 
Frequency 


fo 


Digital Clock Out 


Clock (Hz) 


oo 


49.23 


fs of Notch 


NOTE: Switching Frequency (fg) Range= 10 kHz to 256 kHz 
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Vout! Vin (dB) 


-60 


FIGURE 1 — TEST CIRCUIT 
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Vout!Vin (dB) 


where fs= switching 
freq (see truth table) 
where fs = switching 
freq (see truth table) 


f, FREQUENCY (Hz) f, FREQUENCY (Hz) 
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MOTOROLA 


m= SEMICONDUCTOR 
TECHNICAL DATA 


Advance Information 


Dual Tone Multiple Frequency | eae 
Receiver _ BASE 64 


The MC145436 is a silicon-gate CMOS LSI device containing the filter and decoder for 
detection of a pair of tones conforming to the DTMF standard with outputs in hexadeci- 
mal. Switched capacitor filter technology is used together with digital circuitry for the on 
timing control and output circuits. The MC145436 provides excellent power-line noise and PIN ASSIGNMENT 
dial tone rejection, and is suitable for applications in central office equipment, PABX, key- 
phone systems, remote control equipment, and consumer telephony products. 


Single +5 V Power Supply 

Detects All 16 Standard Digits 

Uses Inexpensive 3.579545 MHz Colorburst Crystal 

Provides Guard Time Controls to Improve Speech Immunity 
Output in 4-Bit Hexadecimal Code 

Built-In 60 Hz and Dial Tone Rejection 

Pin Compatible with SSI-204 


697 


TIMING 
CIRCUIT 


60 Hz 
REJECTION ar Pin 
PREAMP 


‘OUTPUT 
DECODER 


OUTPUT 
REGISTER 


CHIP 
CLOCKS 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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ABSOLUTE MAXIMUM RATINGS 
(Voltages Referenced to GND Unless Otherwise Noted) 


[Rating ‘(| Symbol 
np eel 
: 


This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid applications of any voltage higher 
than the maximum rated voltages to this 
high impedance circuit. 


DC Current Drain per Pin 
Operating Temperature Range 
| Storage Temperature Range 


For proper operation it is recommended that 
Vin and Voyt be constrained to the range 

| VSss(Vin or Vout) SVpp: Reliability of 
operation is enhanced if unused inputs are 
tied to an appropriate logic voltage level | 
(e.g., either Vsg or Vpp). 


ELECTRICAL CHARACTERISTICS 
(All Polarities Referenced to Vpp =5.0 V + 10%, Ta = —40 to +85°C Unless Otherwise Noted) 


Parameter 


DC Supply Voltage 
Vv 
V 
| 


= 


P 


Supply Current (fc. = 3.58 MHz) | ipp 


Input Current GT 
EN, Xin, Xen 


DD 
| High Level Output Current (VoH=Vpp—-0.5V; Source) Data, DV | ton __| 
[input impedance An | Rin 


ANALOG CHARACTERISTICS (Vpp =5.0 V + 10%, Ta = —40 to +85°C) 


[Signal toe forDetecion (Ay) —C“‘“‘“SCS*dCSC CS 
Fwiet= igh Tore/LawTone dt 


Frequency Detect Bandwidth (Notes 1 and 2) + (1.5+2 Hz) 
60 Hz Tolerance 


Dial Tone Tolerance (Note 3) 
(Dial Tone 330 + 440) 


Noise Tolerance (Notes 3 and 4) aa ee 


Power Supply Noise (Wide Band) 
Talk Off (Mitel Tape #CM7290) 


NOTES: 
1. f¢ is center frequency of bandpass filters. 
2. Maximum frequency detect bandwidth of the 1477 Hz filter is +3.5% to —4%. 
3. Referenced to lower amplitude tone. 
4. Bandwidth limited (0 to 3.4 kHz) Gaussian noise. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-541 


MC145436 


AC CHARACTERISTICS (Vpp=5.0 V +10%, Ta= —40 to +85°C) 


Symbol | Min | Typ | Max _| 
Tone On Time For Detection _Toneon 
For Rejection 
Pause Time For Detection tone ~ 
For Rejection 20 
Detect Time . . GT=0 tdet 2 
3 GT=1 
Release Time GT =0 trel 28 
GT=1 ae 


Data — iime 

a ao a 

[Pulse Width —“—t*é‘“CS*™SC~sST YTS) | | CK TC Cs 

|DVResetlagTime sds) | OC | CK | ms 
| = | 


Enable High to Output Data Valid tEHDV 


Enable Low to Output High-Z | te_pz | - | 


tELDZ 


TIMING 


toff 


ANALOG INPUT 


(Ain) TONE BURST 2 


D1;D2 
‘ E H-Z eee 
oe a cet OD ete 
tsy h 
DV 
tELDZ tELDZ 
ENABLE 
| tw(GT) ae 
O 
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PIN DESCRIPTION 


D1, D2, D4, D3—DATA OUTPUT 


These digital outputs provide the hexadecimal codes cor- 
responding to the detected digit (see Table 1). The digital 
outputs become valid after a tone pair has been detected, and 
are cleared when a valid pause is timed. These output pins 
are high impedance when Enable is at a logic 0. 


EN—ENABLE 


Outputs Di, D2, D4, D8 are enabled when EN is at a logic 
1, and high impedance (disabled) when EN is at a logic 0. 


GT—GUARD TIME 


The Guard Time control input provides two sets of detected 
time and release time, both within the allowed ranges of tone 
on and tone off. A longer tone detect time rejects signals too 
short to be considered valid. With GT = 1, talk off performance 
is improved, since it reduces the probability that tones sim- 
ulated by speech will maintain signal conditions long enough 
to be accepted. In addition, a shorter release time reduces the 
probability that a pause simulated by an interruption in speech 
will be detected as a valid pause. On the other hand, a shorter 
tone detect time with a long release time would be appropriate 
for an extremely noisy environment where fast acquisition time 
and immunity to drop-outs would be required. In general, the 
tone signal time generated by a telephone is 100 ms, nominal, 
followed by a pause of about 100 ms. A high-to-low, or low- 
to-high transition on the GT pin resets the internal logic, and 
the MC145436 is immediately ready to accept a new tone input. 


Xen—OSCILLATOR ENABLE 


A logic 1 on Xgn enables the on-chip crystal oscillator. When 
using alternate time base from the ATB pin, Xen should be 
tied to GND. 


Table 1. Hexadecimal Codes 


Vop> Vin 


ANALOG IN 


Ain—ANALOG INPUT 


This pin accepts the analog input, and is internally biased 
so that the input signal may be ac coupled. The input may be 
dc coupled so long as it does not exceed the positive supply. 
(See Figure 1.) 


Xin/Xout— OSCILLATOR IN AND OSCILLATOR OUT 


These pins connect to an internal crystal oscillator. In op- 
eration, a parallel resonant crystal is connected from Xjp to 
Xout, as well as a 1 MO resistor in parallel with the crystal. 
When using the alternate clock source from ATB, Xjn should 
be tied to Vpp. 


ATB—ALTERNATE TIME BASE 


This pin serves as a frequency reference when more than 
one MC145436 is used, so that only one crystal is required for 
multiple MC145436s. In this case, all ATB pins should be tied 
together as shown in Figure 2. When only one MC145436 is 
used, this pin should be left unconnected. The output fre- 
quency of ATB is 447.4 kHz. 


— 


DV—DATA VALID 


DV signals a detection by going high after a valid tone pair 
is sensed and decoded at output pins D1, D2, D4, D8. DV 
remains high until a loss of the current DTMF signal occurs, 
or until a transition in GT occurs. 


Vpp—POSITIVE POWER SUPPLY 


_ The digital supply pin, which is connected to the positive 
side of the power supply. 


GND—GROUND 


Ground return pin is typically connected to the system 
ground. ; 


OPERATIONAL INFORMATION 


Yop ve 

Vop <Vin 

10 pF 0.01 pF | 10 pF 
ANALOG IN 

+> AHHH 

| 2 100k : 100 k 

_ | + 

| | 

een rae | Eee omar 


Figure 1. Analog Input 
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TO OTHER 
MC 145436s 


Figure 2. Multiple MC145436s 
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= ee bi 
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STD DTMF (Hz) 


Figure 3. 4x 4 Keyboard Matrix 
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MOTOROLA 
=e SEMICONDUCTOR II 
TECHNICAL DATA 


IMiC145439 
MC142103 


Advance Information 


Encoder/Decoder (Transcoder) 
For Transmission Applications 


The MC145439 and MC142103 are high speed CMOS integrated circuits designed to per- 
form the coding translation of clocked serial data into two streams of return to zero (RZ) 
digital pulses, which are externally mixed to form either AMI, HDB3, B6ZS, or B8ZS 


(MC142103— AMI or HDB3 only) ternary signals for driving transmission lines. They perform MC145439 
the reverse operation by translating two streams of clocked pulses [which have been derived PLASTIC 
from an incoming AMI, HDB3, B6ZS, or BBZS (MC142103— AMI or HDB3 only) ternary en- CASE 738 


coded signal] into a single stream of clocked binary data. They also feature loopback and 
error monitoring functions. The coding and decoding functions perform independently at 
clock rates from zero (dc) to 9 megabits per second. The HDB3 coding and decoding are 
performed in a manner consistent with the CCITT G.703 recommendations. 


Both Devices: 

Low Power CMOS Operation 
Single 5 Volt Power Supply Operation MC 142103 
Error Monitor Functions Provided PLASTIC 
Loopback Feature Provided CASE 648 
Encode and Decode Clock Rates to 9 Megabits per Second 
Pin Selectable Modes of Operation 

TTL Compatible Inputs and Outputs 


MC145439 Only: 

@ 20-Pin Package 

@ NRZ to AMI, HDB3, B6ZS, B8ZS; AMI, HDB3, B6Z6, B8ZS to NRZ 
@ Force Alarm and Output Enable Function 

@ Pin Compatible with HC-5560 


MC142103 Only: 

@ 16-Pin Package 

@ NRZ to AMI, HDB3; AMI, HDB3 to NRZ 
@ Pin Selectable HDB3 or AMI Operation 

@ Pin Compatible with CD22103 and MJ1471 


PIN ASSIGNMENTS 


BLOCK DIAGRAM 


MS1 (OR HDB3/AMI) : MS1 
MS2 (MC145439 ONLY) MS2 


Soe — 
ai) > a 2 ae 
FA (MC145439 ONLY) }evcoen [1 aa ba | 
ECLK | 
LOOP 
Pin SELECTOR - Nout me 
- HDB3/AMI [] 3 
MSt 
DECODER MS2 
. = - 


RAIS ALARM INDICATION CIRCUIT ERROR CIRCUIT ERR 


AIS 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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ABSOLUTE MAXIMUM RATINGS (Voltages Referenced to Vss) This davice contains cuculiy. to: peowet- the 


inputs against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid applications of 
any voltage higher than the maximum rated volt- 
ages to this high impedance circuit. | . 


For proper operation it is recommended that 
Vin and Voyt be constrained to the range 
Vss S(Vin or Vout) SVpp.- Reliability of oper- 
ation is enhanced if unused inputs are tied to an 
appropriate logic voltage level (e.g., either Vss 


RECOMMENDED OPERATING CONDITIONS 


Parameter 0 to 70°C 25°C 0 to 70°C 
| Min Typ Max 
DC Supply Voltage Vpp to Vss 


Power Dissipation @ 5.0 V 
Static . Vpp to Vss 
Dynamic— ECLK = DCLK =9 MHz Vpp to Vss 


Pe ae | 
| Encoder Clock Frequency | ECLK | | 
el eee 
a ae ee ee 
[| ao | 


Decoder Clock Frequency DCLK 
Encoder Clock Duty Cycle ECLK 
Decoder Clock Duty Cycle DCLK 


Characteristic 
High Level Input Voltage 
Low Level Input Voltage 
Input Current 
Input Capacitance 


High Level Output Voltage (NRZoyz, AIS, ERR, CLK) lout = — 0.36 mA 
. lout = —1.7mA 


High Level Output Voltage (Pout, Nout) lout = —0.7 mA 
lout = —3.4 mA 

Low Level Output Voltage (NRZoyz, AIS, ERR, CLK) lout = 0.36 mA 
lout =0.8 mA 


Low Level Output Voltage (Pout, Nout) lout = 1.7 mA 
. lout =3.5 MA 


SWITCHING CHARACTERISTICS (Vpp =4.75 V, Ta =0 to 70°C, Cy =50 pF) 


po haracteristic | Figure [Symbol [min [Max | Unit_ 
A 


ECLK and DCLK Rise and Fall Times 
@ 1.544 MHz 
@ 2.048 MHz 
@ 6.312 MHz 
@ 8.488 MHz 


tPLH, tPHL 
tPLH. tPHL 
tPLH. tPHL 
tPLH tPHL 


tsy 


Pin Or Nin Setup Time to Rising Edge of DCLK 
Pir or Nin Hold Time After the Rising Edge of DCLK 


‘Minimum RAIS Low Setup Time to DCLK Rising Edge to Include the Current 
Decoded Bit in the AIS Count 


Minimum RAIS High Setup Time to DCLK Rising Edge to Ensure the Next Bit on 
NRZoyt will be Included in the AIS Count . 
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ECLK 
DCLK 
(a) 
ECLK 
Pin OR Nin 
DCLK 


OUTPUT 


(e) 


Figure 1. AC Timing Diagrams 


PIN DESCRIPTIONS 


Vpp—POSITIVE SUPPLY 


This is the most positive power supply input. Normally +5 
volts with respect to Vss. 


Vss— NEGATIVE SUPPLY 


This pin is the most negative power supply input and is logic 
ground. Normally 0 volts. 


NRZin—NRZ DATA IN 


This input accepts binary inputs for encoding into ternary 
form according to the appropriate rules. Data is clocked in on 
the high to low transition of the encoder clock (ECLK). 


Pout— POSITIVE DRIVE OUTPUT 
Nout—NEGATIVE DRIVE OUTPUT 


These two RZ outputs are clocked out of the encoder on 
the low to high transition of the encoder clock. The length 
(high time) of the drive pulses is set by the length of the high 
level of the encoder clock signal. These two outputs are to be 
externally mixed to form the ternary transmission line code. 


ECLK—ENCODER CLOCK 


A negative transition of this input is used to clock NRZ data 
into the encoder section of the device. The high level time of 
this clock signal also controls the output pulse width of the 
encoder output drive signals. 


Pi,n— POSITIVE INPUT 
Nin— NEGATIVE INPUT 


These two inputs are RZ representations of the received 
ternary inputs which have been externally separated. These 
inputs are clocked into the decoder on the positive (low to 
high) edge of the decoder clock signal simultaneously. 


NRZout—NRZ DATA OUTPUT 


This is the decoded output of the ternary encoded data after 
being decoded from the positive and negative inputs to the 
decoder. Data is clocked out serially on the low to high tran- 
sition of the decoder clock (DCLK) and remains valid for the 
entire DCLK period. 


DCLK—DECODER CLOCK | 


This input is used to clock in the negative and positive inputs 
to the decoder on the low to high transition of this line. This 
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pin also serves as a synchronous clock output for decoded 
data. The decoded data is updated on each low to high tran- 
sition of the decoder clock. 


CLK—CLOCK OUT 

This output is the logical OR of the two RZ inputs to the 
decoder (i.e., the logical OR of the positive and negative 
inputs). 


MS1— MODE SELECT 1 (MC145439 ONLY) 
MS2— MODE SELECT 2 (MC145439 ONLY) 

These two inputs work together to select the operating mode 
of the transcoders encoder, decoder, and error criterion, etc., 
according to the following truth table. 


[wsi_| sz | Mode of Operation 


HDB3/AMI— MODE SELECT (MC142103 ONLY) 


This pin determines the operation mode of the MC142103. 
A logic one (high) selects HDB3 operation and a logic zero 
(low) selects AMI operation. 


AMi | Mode of Operation 
AMI | 
HDB3 

AIS— ALARM INDICATION SIGNAL 


This output is updated on the falling edge of the RAIS input 
and functions as delineated in the RAIS pin description. 


RAIS— RESET AIS. 


_ This input; when low, resets and holds a counter which 
counts the number of zeros decoded by the decoder. The 
counter is enabled while RAIS is high. The falling edge of the 
RAIS input sets the AIS output low if three or more zeros have 
been decoded in the preceding RAIS =1 period. The falling 
edge of the RAIS input also causes the AIS output to go high 
if less than three zeros have been decoded in the preceding 
two successive RAIS high periods. 


ERR—ERROR | 

This output is flagged (the term ‘‘flagged”’ is defined to be: 
setting the error output pin high for one decoder clock cycle 
following the input of the error) for one decoder clock period 
following the reception of an error at the decoder input. The 
error output is updated on the rising edge of the decoder clock 
pin. In all modes if both inputs to the decoder are high at the 
rising edge of the decoder clock an error is flagged (on the 
next rising edge of the decode clock). In the AMI mode, an 
error is flagged if a bipolar violation is discovered. In the HDB3 
mode, an error is flagged if a violation is detected of the same 
polarity as a previously detected violation (for example three 
marks in a row of the same polarity). An error is also flagged 
(in the HDB3 mode) if the polarity of the violation pulse is 


correct but not preceded by two zeros. In the B8ZS and B6ZS 
modes of operation, an error is flagged if a violation pulse is 
received which is not preceded by a zero. 


LOOP—LOOP TEST 


This input when high, disconnects the normal inputs to the 
decoder and internally ties the two encoder outputs (positive 
and negative drive outputs) to the decoder inputs. In this mode, 
an external decoder clock must be supplied. Also note that 
the clock out line is a function of whichever set of inputs are 
selected for the decoder. 


OE— OUTPUT ENABLE (MC145439 ONLY) 


This input, when high forces both encoder outputs low. 
When the output enable input is low, normal operation 
proceeds. 


FA—FORCE ALARM (MC145439 ONLY) | 
The force alarm input inhibits the normal input to the encoder 


~ by logically ‘““ORing” a “‘one” in with the incoming NRZ data. 


This forces the coder to code the all ones alarm pattern. The 
encoder operates normally when this pin is low. 


N.C.—NO CONNECT (MC145439 ONLY) 


This pin is not connected to any internal circuitry and may 
be either high or low. The line is ignored by the MC145439 
Transcoder. 


BACKGROUND 


The basic goal of the international Integrated Services Digital 
Network (ISDN) standards effort is to develop a 64 kbps cus- 
tomer data channel. Thus, in order to expand the capabilities 
of the emerging digital network, support future services, and 
be compatible with the ISDN movement throughout the in- 
ternational community, the U.S. network is evolving to a 
64 kbps clear channel capability (64 CCC) from the present 
56 kbps capability. Today the T1 network is constrained by 
the line code restriction of at least a 1/8 average mark density, 
and is further constrained by a restriction of not more than 15 
consecutive spaces (zeros) on DS1 signals, which is imposed 
by the clock recovery circuits of some T1 repeaters. The clock 
recovery circuit of these repeaters will begin to lose timing 
accuracy in the presence of long strings of zeros or low marks 
density. These restrictions do not limit PCM voice signals, 
however, they are a constraint on the transmission of digital 
data. Due to these restrictions, existing T1 and T1C trans- 
mission systems do not provide 64 CCC. To provide this ca- 
pability, a coding and decoding scheme which allows the 
transmission of any data pattern and still satisfy the line code 
restrictions will be required. This coding scheme has been 
specified in the U.S. and is known as B8ZS for T1 systems 
and B6ZS for T2 systems. The CCITT on the other hand has 
recommended a scheme known as HDB3. Each of these coding 
schemes are variants of the existing alternate mark inversion 
(AMI) scheme, and each has specific rules for the coding of 


strings of consecutive zeros. AMI is a three level line code, 


where binary ones are coded as pulses above or below the 
mid level, and zeros are coded as no signal (the mid level). In 
this coding scheme, each mark is coded as pulses of a polarity 
opposite to the polarity of the preceding pulse (mark). The 
HDB3, B8ZS, and B6ZS coding schemes have special rules 
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for the coding of strings of binary zeros with pulses that violate 
the rule of alternate mark inversion. These purposeful viola- 
tions can be detected by the decoder and the true data (a 
string of zeros) substituted by the decoder. The B8ZS and 
B6ZS schemes substitute (for strings of eight or six zeros) one 
of two possible patterns to represent the string of zeros based 
on the polarity of the previous mark. (See Figures 2 and 3.) 
Note that there are bipolar violations in the 2nd and 5th bit 
positions in the B6ZS scheme and bipolar violations in the 4th 
and 7th bit positions in the B8ZS coding scheme. The HDB3 
scheme seiects one of four possibie code patierns for a siring 
of four zeros based on the polarity of the previous pulse and 
if an even or odd number of pulses have occurred since the 
previous code violation (see Figure 4). Coding of a binary signal 
into an HDB3 signal is done (per CCITT G703 annex) according 
to the following rules: 

1) HDB3 signal is pseudo ternary; the three states are de- 
noted B+, B—, and 0. 
Spaces in the binary signal are coded as spaces in the 
HDB3 signal. For strings of four spaces, however special 
rules apply (see item 4 following). 
Marks in the binary signal are coded alternately in the 
HDB3 signal (alternate mark inversion). Violations of the 
rule of alternate mark inversion are introduced when cod- 
ing strings of. four spaces. 
Strings of four spaces in the binary signal are coded 
according to the following rules: 
a) The first space of a string is coded as a space if the 
polarity of the preceding mark of the HDB3 signal has 
a polarity opposite to the preceding violation and is 
not a violation by itself. 
It is coded as a mark (i.e., not a violation) if the 
preceding mark of the HDB3 signal has the same 
polarity as that of the preceding violation or is by itself 
a violation. This rule ensures that successive violations 
are of alternate polarity so that no dc component is 
introduced. The second and third spaces of a string 
are always coded as spaces. The last space of a string 
of four zeros is always coded as a mark, the polarity 
of which is such that it violates the rule of alternate 
mark inversion. 


2 


— 
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CIRCUIT OPERATION 


The MC145439 encoder/decoder performs AMI, HDB3, 
B6ZS, or B8ZS (MC142103 AMI or HDB3 only) coding and 
decoding functions with error detection. They are generally 
used in telephony transmission applications and are operated 
in the 0 to 9 megabits per second frequency range. Coding 
and decoding are performed in independent sections. The 
encoder accepts a serial NRZ unipolar input signal and a syn- 
chronous transmission clock and creates two binary RZ output 
signals (positive and negative output drives) which are exter- 
nally mixed to generate the ternary bipolar signals for driving 
transmission lines. The decoder section accepts ternary bipolar 
signals which have been externally split to provide two binary 
RZ input signals (positive and negative inputs) which are 
clocked into the decoder by an externally supplied synchronous 
clock signal. 


ENCODER SECTION 


The encoder of the MC145439 and MC142103 operate on 
4-bit serial strings of data while operating in the AMI and HDB3 
modes of operation. When operating in the B8ZS or B6ZS 


modes (MC145439 only), the encoder operates on 8- or 6-bits 
of serial data respectively. In all cases binary data is serially 
clocked into the encoder on the high to low transition of the 
encoder clock. The outputs of the encoder (positive and neg- 
ative drive) are delayed from the input data by four, six, or 
eight encoder clock pulses depending on the mode selection 
of the device. (See timing diagrams.) The duty cycle or high 
time of the encoders drive lines is equal to the high time of 
the encoder clock. 


DECODER SECTION 


The Decoder Section of the MC145439 and the MC142103 
operates on serial strings of ternary data that have been split 
into two RZ inputs (positive and negative inputs). The decoder 
however, accepts these two inputs simultaneously on the pos- 
itive transition of the decoder clock. The output of the decoder 
is delayed from the input by four, six, or eight decoder clocks 
and appears as binary NRZ data on the NRZ output pin on 
the positive transition of the decoder clock. The NRZ data is 
updated on each successive positive transition of the decoder 
clock. 


ERROR DETECTION SECTION 


The Error Detection circuitry of the MC145439 and 
MC142103 operates as follows, according to the mode selec- 
tion of the device. In all cases, the error signal is flagged for 
one full decoder clock period following the input of the error. 
In all modes, when a high level appears simultaneously on 
both positive and negative inputs to the decoder, the error 
output is flagged for one period of the decoder clock. In this 
case, a positive input (logic one) is assumed as an input to 
the decoder. In the AMI mode, errors are flagged when a 
bipolar violation is received. In the HDB3 mode, the error 
output is flagged if a violation pulse is received of the same 
polarity as the last received violation pulse. For example, three 
or more received pulses of the same polarity. An error is also 
flagged if a bipolar violation is received without being preceded 
by two spaces. In the B8ZS and B6ZS modes of operation 
(MC145439 only), the error line is flagged if a violation is re- 
ceived and not preceded by a zero. 


LOOP TEST 


‘When in the Loop Test mode, the encoders positive and 
negative outputs are internally connected to the decoders pos- 
itive and negative inputs. The normal inputs are ignored in this 
mode. In the Loop Test mode, the appropriate decoder clock 
must be supplied to the MC145439 or MC142103. The Clock 
Out line of the MC145439 and MC142103 are a logical OR of 
the decoder inputs and is generally used by external timing 
recovery Circuits. 


AIS SECTION 


The AIS (Alarm Indication Signal) circuitry contains a 
counter that increments (to a maximum of three) each time a 
zero is decoded by the decoder. This counter is reset and held 
to zero by a low level on the RAIS input. A logic one on the 
RAIS input enables the decoder zero counter to increment on 
the positive edge of the decoder clock. The AIS output is set 
two zero (on the falling edge of RAIS input) provided three 
or more zeros have been decoded in the preceding RAIS = 1 
period. The AlS output is set high (on the falling edge of the 
RAIS input) if less than three zeros have been decoded in the 
preceding two RAIS = 1 periods. 
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POLARITY OF 
PREVIOUS 
MARK 


B6ZS CODING SCHEME 
CODE USED FOR SIX CONSECUTIVE ZEROS 


*NOTE: + implies a positive pulse 
0 implies no pulse 
' — implies a negative pulse 


Figure 2. B6ZS Coding Scheme 


POLARITY OF 
PREVIOUS 
MARK 


B8ZS CODING SCHEME 
CODE USED FOR EIGHT CONSECUTIVE ZEROS 


*NOTE: + implies a positive pulse 
0 implies no pulse 
— implies a negative pulse 


Figure 3. B8ZS Coding Scheme 


POLARITY OF 
. PREVIOUS 
MARK 


ODD NUMBER OF PULSES - 
SINCE VIOLATION 


EVEN NUMBER OF PULSES 
SINCE VIOLATION 


*NOTE: + implies a positive pulse 
0 implies no pulse 
— implies a negative pulse 


Figure 4. HDB3 Coding Scheme 
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+. ENCODER DELAY es 


ECLK 


NRZin | | | | | | | | | | | 
HDB3 Pout | | | | | | 
HDB3 Nout | | | | | | 
AMI Pout | | | | 


AMI Nout | | 


|< necover peay ————-»>| 
DCLK TLIO LILILI LILI LILILILIOLI LILI LA 


HDB3 P;, | . | | | | | | | | | | 
HDB3 Nin | | | | | | | | 
NRZout | | | | | | | 


Figure 7. HDB3/AMI Encode and Decode Timing 


EOLZPVLOIW ‘GEPSPLOW 


MC145439, MC142103 


Buiwily 10113 *g§ e1nbig 


| | | | | (JO IW) 44a 
| | | | (JQ0W €80H) Yua 


Bulwill Siv ‘g enbi4 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-554 


MC 145439, MC142103 


POSITIVE 
THRESHOLD 
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DRIVER 
CIRCUIT | 
ee bf NEGATIVE oe 
- THRESHOLD eect 
MC142103 Nout MG 142103 
NRZ NRZ 
DATA 4-WIRE DATA 
POSITIVE LINE 
Pin THRESHOLD INTERFACE 


DRIVER © 
CIRCUIT 
NEGATIVE 
THRESHOLD 


Figure 10. Typical Line Interface 
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CMOS 
(LOW-POWER COMPLEMENTARY MOS) 
300 BAUD MODEM 
BAND-PASS SWITCHED 
CAPACITOR FILTER 


BELL 103 300 BAUD MODEM BAND-PASS FILTER 


The MC145440 is a 300 baud modem filter designed to be used with 
the MC14412, MC145445, or MC6860 modems. These moden/filter 
combinations fulfill the major requirements of a complete Bell 103 300 

~baud modem system. The MC145441 is also available to fulfill the 
CCITT V.21 equivalent filtering function. Features of the MC145440 in- 
clude: 


@ Low Band Band-pass Filter 

@® High Band Band-pass Filter 

Bell 103 Frequency Compatible 

@ Spare Operational Amplifier 

Answer or Originate Mode 

Self Test Loopback Configuration 
Single or Split Power Supply Operation 
18-Pin Package 


L SUFFIX P SUFFIX 
3, CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 726 CASE 707 


Transmit 
Output 
2 


><] 
2, ee s re 
; AO 
Clock Select2 : Co LEAN + 
cm | oe uae 
Circuitry A eee ee XX 
Clock 28 and Soa RSE KX 
Originate/Anewer= Mode ae VAG 
1 Control — 5 
Clock Out os DD 
5 . 
Vref 
Vise High Band te 
Filter 2S. 
| 
Vpp= Pin 18 
Vss=Pin9 
VAG=Pin 1 
Self Test Receive Receive 
Input Output 
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MAXIMUM RATINGS (Vss=0 V) PIN ASSIGNMENT 


— 40 to 85 


Clock Select (CS) State 1, 4.0 MHz 


State 2, 3.684 MHz 


State 3, 1.0 MHz 


(Vpp-Vss)/ 
-2-0.5 
Input Current “1” level WH 
“0” Level AL 
Input Voltage “1” level VIH Visg+2.0 
“O"level VIL oo 


ST, C1,0/A CMOS Logic Levels (Vi s=Vpp, Vss=0 V) 


Input Current S “1” level 
“0” level 


Input Voltage “1” level, Vpp=10V ViH 
“O” level, Vpop= 10 V VIL 
oe) Output Characteristics (Vpp= 10, Vss=0 V) 
TTL Output Voltage (TTL Mode) “1 level, lo=8.mA 
"O” level, lIo=2.5mA 
CMOS Output Current Vpop=10V, VoH=9.5V 


Vpop=10V, Vo, =0.5V 


PC haracterisio SS *Symbot] —Min 
Depa CurentVagh —SCSCSC“~s‘“C‘“‘“‘“‘CSCd 

PBC input Current (Tx, Palys ttn 
[AC Input impedance (Tel, A) ——SSCSCS~C~“~“S*S*~S*~‘“‘~‘S*S*~s*~‘“~C~S*~S in] 


Input Voltage Range (TxlI, Rx\l) Vsst+1.5 ioe Vpp - 1.5 


Finput Offset Vonage AO SSSCSC~SdC 
[input Bias Curent(A¥, A=) ir 
[Pn _| 
Sa] 
C=] 


Output Noise (900 Q) PN 
SA 
Output Voltage Swing (Ry =600 2 to Vac) 
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DIGITAL SWITCHING CHARACTERISTICS (Vpp=5 V, Vss=0 V, Ta=25°C) 


Input Pulse Width 


Clock Frequency (Driven by External Clock) (C1 Pin) 


Crystal Frequency 


Pass-Band Ripple ~ 
Pass-band Response, Ref. 1070 Hz, 0 dBmO ; 
Rejection (Ref. 1170 Hz) 


Differential Group Delay 


Vref CHARACTERISTICS (Vpp=5 to 15 V, Vref=Vpp/2, Vgs=0 V, TA=0 to 70°C) 


Symbol | _Min__| Tye | Max | Unt 
Vref Output Voltage lo=+5mA — 250 +75 + 250 
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PIN DESCRIPTIONS 


Vop (PIN 18) — Positive power supply. 

Vss (PIN 9) — Negative power supply. 

VAG (PIN 1) — Analog ground. In single supply applica- 
tions, VAG is driven from Vref. 

Vref (PIN 5) — This pin provides an output DC voltage at 
approximately (Vpp-Vss)/2 for use as an external analog 
ground in single supply applications. In symmetric dual 
power supply appiications, Vref is not used. 

Vis, LOGIC SHIFT VOLTAGE (PIN 10) — This pin deter- 
mines the input/output logic ievei compatibility of O/A and 
CO. When the voltage on this pin is greater than Vpp—0.5V 
and less than Vpp, these digital inputs and outputs are 
CMOS compatible. When the voltage on this pin is less than 
Vpp-—4 V and greater than Vss, these digital inputs and 
outputs are TTL compatible, and V|_s is connected to digital 
ground. 

C1, C2, CLOCK 1, CLOCK 2 (PIN 7, PIN 8) — These pins 
connect to an internal crystal oscillator. In operation, a 
parallel resonant crystal is connected from C1 to C2 as well 
as a 10 M© resistor in parallel with the crystal and 20 pF 
capacitors from C1 and C2 to Vss. Crystal frequencies of 
1.0, 3.6864, or 4.0 MHz may be used. Alternatively, an exter- 
nal CMOS level signal at the crystal frequency may be ap- 
plied to Ci in lieu of the crystal, capacitors, and resistor. The 
inverted clock signal will appear at C2 and will be a CMOS 
output from Vss to Vpp. 

Clk Sel, CLOCK SELECT (PIN 6) — This pin is a three- 
state selector used to select one of the three crystal/clock 
options. When at Vpp, VAG, or VSs, this pin selects the 
4.0, 3.6864, or 1.0 MHz crystal/clock option, respectively, 
for C1 and C2. 


Clock 
Frequency 
* 


* Use either an external clock to drive C1 Pin 7 or external crystal 
across C1 and C2 Pins 7 and 8. 


CO, CLOCK OUT (PIN 11) — This provides a 1.0 MHz out- 
put clock signal when either the 1.0 or 4.0 MHz clock is 


selected and is typically used to drive the clock input to a 
MC14412 or MC6860 modem. The clock output is not usable 
when the 3.6864 MHz option is used. The logic family com- 
patibility (CMOS or TTL) of this output is determined by 
VLS. 
0/A, ORIGINATE, ANSWER (PIN 12) — The mode of the 
device, originate or answer, is selected with this pin. In the 
originate mode, selected with a logic ‘’1”, the low band 
band-pass filter is switched into the transmit path and the 
high band band-pass filter is switched into the receive path. 
In the answer mode, the filters switch position. The input 
levels of this pin aré determined by Vis. 

Txl, TRANSMIT INPUT (PIN 3) — Tx! is the input to the 
transmit band-pass filter which is the low band filter in the 
originate mode and the high band filter in the answer mode. 
In the self test mode, this input is routed to the appropriate 
band-pass filter input so as to pass the modulated data to the 
demodulator. 

TxO, TRANSMIT OUTPUT (PIN 2) — This pin is the out- 
put of the Tx output amplifier and typically drives the 
modulated data into the duplexer or hybrid circuit (see ST 
pin). 

Rxl, RECEIVE INPUT (PIN 13) — Rx! is the input to the 
receive band-pass filter which is the high band filter in the 
originate mode and the low band filter in the answer mode. 
In the self test mode, this input is disabled. 

RxO, RECEIVE OUTPUT (PIN 14) — The output of the 
receive band-pass filter, whether low band or high band, is 
provided at RxO. Typically, this signal is capacitively coupled 
to the input of the external carrier detector and limiter. The 
AC coupling capacitor is required because of the variable DC 
offset of the receive filter. 

ST, SELF TEST (PIN 4) — A‘’1” on ST puts the device in- 
to a self test mode which routes the modulated carrier from 
Txl, through the appropriate filter,and out RxO back to the 
receive carrier input of the modem. TxO remains at VAG dur- 
ing a self test operation. This pin is a standard CMOS input 
regardless of the state of V,s. 

A+ (PIN 17) — This is the noninverting input to the spare 
operational amplifier. 

A-— (PIN 15) — This is the inverting input to the spare 
operational amplifier. 

AO (PIN 16) — This is the output of the spare operational 
amplifier. 
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FUNCTIONAL DESCRIPTION 


This device is capable of four basic analog configurations 
determined by the state of O/A and ST. The normal (non- 
self test) and self test modes in both the answer and 
originate modes will be discussed. 

In the normal originate mode, O/A is a ‘’1"’ and self test, 
ST, is a ‘0’. When in this mode, the Tx carrier from the 
modem is input on Tx! and routed through the low band 
band-pass filter. The filter output is switched to the input of 
the Tx op-amp which typically drives the Tx carrier off chip 
into a duplexer circuit which could be implemented with the 
spare operational amplifier. The output of the duplexer 
drives Rx! which is switched to the input of the high band 
band-pass filter. The filter output is available at RxO which is 
typically the input to a limiter and carrier detector. 


The normal answer mode is established by a ‘’0’’ on both 
O/A and ST. This mode is identical to the normal originate . 
mode with one exception: the band-pass filters swap posi- 
tions, i.e., the high band band-pass filter is switched into the 
transmit path, and the low band band-pass filter is switched 
into the receive path, © a 

When used with the MC14412 in the self test mode, the 
device will function as follows. A ‘‘1’’ on the self test pin of 
both devices enables the self test mode. The modem 
switches its demodulator to its modulator frequency and 
demodulates its own modulated carrier. The modem filter 
switches the transmit carrier of the modem from Tx! through 
the low band filter and out the RxO pin to the limiter when in 
the originate mode. When the system is in the answer mode, 
the modulated signal is instead routed through the high- 
band filter. TxO will remain at mid-supply (Vag) during self 
test operations. 


FIGURE 1 — TEST CIRCUIT 


High Band 
Analog In 


Vpp/2 
Analog GND 


Low Band _ 
Analog In 


X=4 MHz 
R=10 MQ 
C1, C2=20 pF aa 


GAIN (dB) 


Low Band 
Analog Out 


High Band 
Analog Out 


Digital 
Clock Out 
1 MHz 


f, FREQUENCY (Hz) 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-560 


L9G-¢ 


ViIVd SOIASC SNOLLVOINNWWOO03 7131 VIOYOLOW 


FIGURE 3 — TYPICAL MC145440 APPLICATION( +5 V SINGLE SUPPLY) 
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CCITT V.21 300 BAUD MODEM BAND-PASS FILTER 


300 BAUD MODEM 
BAND-PASS SWITCHED 
CAPACITOR FILTER 


The MC145441 is a 300 baud modem filter designed to be used with 
the MC14412 or MC145445 modems. These modem/ filter combinations 
fulfill the major requirements of a complete CCITT V.21 300 baud 
modem system. The MC145440 is also available to fulfill the Bell 103 
equivalent filtering function. Features of the MC145441 include: 


@ Low Band Band-Pass Filter 

High Band Band-Pass Filter 

Spare Operational Amplifier 

Answer or Originate Mode 

Self Test Loopback Configuration (Optional) 
Single or Split Power Supply Operation 
18-Pin Package 

CCITT V.21 Compatible 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 726 CASE 707 
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MAXIMUM RATINGS (Vss=0 V) PIN ASSIGNMENT 

Vac'4 19" 18F Vop 

TxO : At 

Txl Q AO 

ST 4 A- 

Vref 5 RxO 

Clik Sel g Rxl 

C1! O/A 

C2 CO 

VSs VLS 


Symbol 
Operating Current, Vpp = 10V, Vss=O0V, 1 MHz Crystal 
Input Capacitance 


TTL Mode _ 
CMOS Mode VIH 


Clock Select (CS) State 1, 4.0 MHz 
State 2, 3.684 MHz 


State 3, 1.0 MHz 


Input Current “1” level HH _ 
"O" Level J lL —0.3 
Input Voltage ”1” level VIH VLS+2.0 
“O"level | Vit | - 


ST, C1, O0/A CMOS Logic Levels (Vi s=Vpp, Vss=0 V) 7 
eee | oo |S 
“0” level NL: -0.3 = 
input Voltage : “level, Vpp=10V_ | Vin 75 5.75 = V 


CO Output Characteristics |(Vpp = 10, Vss=0 V) 


TTL Output Voltage (TTL Mode) 1" level, lIo=8 mA 
“0” level, lIo=2.5mA VOL 
CMOS Output Current Vpp=10V, VoH=9.5V 1OH 
[Unit 
POC input Curent Wag) OSS 
POC input Current (Tx Rad SSSSCSCSC~SCSCSCSCSCSTSCST | 10] — | 410 | pA _ 


AC Input Impedance (Txt, Rx Zin [02 | 10 | - | ma] 
Input Voltage Range (Tx!, Rx!) Vss+1.5 se Vpp — 1.5 


PO haracteristic C~‘“‘iSymébot | Min’ =] Typ [Max [Unit | 
Pinput Offset Voltage (AO SSSCSC~™S~C~SCS tg «| 80 YOY 
[Open toop Gan (R= 10K CSCS A |] 
TinputBies Cunrent(AT A=) ig 
Ouiput Nowe OM SSCSCSOSCOOTCTCCS SP Pd 8 PY ai | 
[SewRete OOS Sr 


Output Voltage Swing (Ri =600 © to Vac) | -— [| 16V [ - [Vpp-1.5V 
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DIGITAL SWITCHING CHARACTERISTICS (Vpp=5 V. Vss=0 V, Ta=25°C) 


Input Rise and Fall Times 


Input Pulse Width (TTL Mode) O7A 
(CMOS Mode) C1, 0/A, ST 


-Symbor 
rr VE 
THD 


Pass-Band Ripple 980 Hz to 1180 Hz 
Pass-band Response, Ref. 980 Hz, 0 dBmO 


Idle Noise, ipate ‘VAG, 900 2 ioad 
Dynamic Range eal Seale Output/Idle Noise) 


THD 

Pass-Band Ripple 1650 Hz to 1850 Hz 

Pass-band Response, Ref. 1650 Hz, 0 dBmO 1850 Hz 

Rejection (Ref. 1750 Hz) 

Differential Group Delay a ee 
Vref CHARACTERISTICS (Vpp=5 to 18 V, Vret= Vop/2, Vss=0 V, Ta=0 to 70°C) 
a 
Viet Output Voltage | ig= EO mA 
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PIN DESCRIPTIONS 


Vpp (PIN 18) — Positive power supply. 

Vss (PIN 9) — Negative power supply. 

VAG (PIN 1) — Analog ground. In single supply applica- 
tions, VAG is driven from Vref. 

Vref (PIN 5) — This pin provides an output DC voltage at 
approximately (Vpp-Vss)/2 for use as an external analog 
ground in single supply applications. In symmetric dual 
power supply applications, Vref is not used. 

Vis, LOGIC SHIFT VOLTAGE (PIN 10) — This pin deter- 
mines the input/output logic level compatibility of O/A and 
CO. When the voltage on this pin is greater than Vpp — 0.5 V 
and less than Vpp, these digital inputs and outputs are 
CMOS compatible. When the voltage on this pin is less than 
Vpp-—4 V and greater than Vss, these digital inputs and 
outputs are TTL compatible, and Vis is connected to digital 
ground. 

C1, C2, CLOCK 1, CLOCK 2 (PIN 7, PIN 8) — These pins 
connect to an internal crystal oscillator. In operation, a 
parallel resonant crystal is connected from C1 to C2 as well 
as a 10 MQ resistor in parallel with the crystal and 20 pF 
capacitors from C1 and C2 to Vss. Crystal frequencies of 
1.0, 3.6864, or 4.0 MHz may be used. Alternatively, an exter- 
nal CMOS level signal at the crystal frequency may be ap- 
plied to C1 in lieu of the crystal, capacitors, and resistor. The 
inverted clock signal will appear at C2 and will be a CMOS 
output from Vss to Vpp. 

Cik Sel, CLOCK SELECT (PIN 6) — This pin is a three- 
state selector used to select one of the three crystal/clock 
options. When at Vpp, VAG, or Vss, this pin selects the 
4.0, 3.6864, or 1.0 MHz crystal/clock option, respectively, 
for C1 and ‘C2. 


Clock 
Frequency 
* 


* Use either an external clock to drive C1 Pin 7 or external crystal 
across C1 and C2 Pins 7 and 8. 

CO, CLOCK OUT (PIN 11) — This provides a 1.0 MHz out- 
put clock signal when either the 1.0 or 4.0 MHz clock is 
selected and is typically used to drive the clock input to a 
MC14412 or MC6860 modem. The clock output is not usable 
when the 3.6864 MHz option is used. The logic family com- 
patibility (CMOS or TTL) of this output is determined by 
VLS. | 

O/A, ORIGINATE, ANSWER (PIN 12) — The mode of the 
device, originate or answer, is selected with this pin. In the 
originate mode, selected with a logic ‘’1’, the low band 
band-pass filter is switched into the transmit path and the 
high band band-pass filter is switched into the receive path. 
In the answer mode, the filters switch position. The input 
levels of this pin are determined by Vis. 

Txl, TRANSMIT INPUT (PIN 3) — Txl is the input to the 
transmit band-pass filter which is the low band filter in the 
originate mode and the high band filter in the answer mode. 
In the self test mode, this input is routed to the appropriate 
band-pass filter input so as to pass the modulated data to the 
demodulator. 


TxO, TRANSMIT OUTPUT (PIN 2) — This pin is the out- 
put of the Tx output amplifier ard typically drives the 
modulated data into the duplexer or hybrid circuit (see ST 
pin). 

Rxl, RECEIVE INPUT (PIN 13) — Rx! is the input to the 
receive band-pass filter which is the high band filter in the 
originate mode and the low band filter in the answer mode. 
In the self test mode, this input is disabled. 

RxO, RECEIVE OUTPUT (PIN 14) — The output of the 
receive band-pass filter, whether low band or high band, is 
provided at RxO. Typically, this signal is capacitively coupled 
to the input of the external carrier detector and limiter. The 
AC coupling capacitor is required because of the variable DC 
offset of the receive filter. 

ST, SELF TEST (PIN 4) — A‘'1" on ST puts the device in- 
to a self test mode which routes the modulated carrier from 
Txi, through the appropriate filter,and out RxO back to the 
receive carrier input of the modem. TxO remains at VAG dur- 
ing a self test operation. This pin is a standard CMOS input 
regardless of the state of Vis. . 

A+ (PIN 17) — This is the noninverting input to the spare 
operational amplifier. . 

A— (PIN 15) — This is the inverting input to the spare 
operational amplifier. 

AO (PIN 16) — This is the output of the spare operational 
amplifier. 


FUNCTIONAL DESCRIPTION 


This device is capable of four basic analog configurations 
determined by the state of O/A and ST. The normal (non- 
self test) and self test modes in both the answer and 
originate modes will be discussed. 

In the normal originate mode, O/A is a ‘’1" and self test, 
ST, is a ‘0’. When in this mode, the Tx carrier from the 
modem is input on Txl and routed through the low band 
band-pass filter. The filter output is switched to the input of 
the Tx op-amp which typically drives the Tx carrier off chip 
into a duplexer circuit which could be implemented with the 
spare operational amplifier. The output of the duplexer 
drives Rxl which is switched to the input of the high band 
band-pass filter. The filter output is available at RxO which is 
typically the input to a limiter and carrier detector. 

The normal answer mode is established by a ‘’0’’ on both 
O/A and ST. This mode is identical to the normal Originate . 
mode with one exception: the band-pass filters swap posi- 
tions, i.e., the high band band-pass filter is switched into the 
transmit path, and the low band band-pass filter is switched 
into the receive path. 

When used with the MC14412 in the self test mode, the 
device will function as follows. A ‘’1"’ on the self test pin of 
both devices enables the self test mode. The modem 
switches its demodulator to its modulator frequency and 
demodulates its own modulated carrier. The modem filter 
switches the transmit carrier of the modem from Txl through 
the low band filter and out the RxO pin to the limiter when in 
the originate mode. When the system is in the answer mode, 
the modulated signal is instead routed through the high- 
band filter. TxO will remain at mid-supply (Vac) during self 
test operations. ‘ 
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FIGURE 1 — TEST CIRCUIT 


High Band : 
Analog In Low Band 
Analog Out 
MC145441 
Vop/2 
Analog GND ~ 0.1 pF 
Low Band 
Analog In 
High Band 
0.1 pF Analog Out 
Digital 
Clock Out 
1 MHz 
X=4 MHz 
R=10 MQ 
C1, C2=20 pF 


FIGURE 2 — MC145441 FREQUENCY RESPONSE 


GAIN (dB) 


f, FREQUENCY (Hz) 
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FIGURE 3 — TYPICAL MC145441 APPLICATION (+5 V SINGLE SUPPLY) 


VDD 
R118 750k 


R8 
10k 


O/A 


VoD »—— 5 to 12 Volts 560 ¢ R16 
Analog 


GND ° | NOTES: 
(VAG) 1. Optional 10 k Pot P1 in lieu of R22 and R23. 
2. Optional U1 with R20 and R21 to get additional 6 dB gain, for more receive sensitivity. 


Vss ~~ | 
3. If U1 is not used, jumper R20 and R21. 
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Advance Information 


Single Chip 300 Baud Modem 


The MC145442 and MC145443 silicon-gate CMOS single-chip low-speed modems 
contain a complete frequency shift keying (FSK) modulator, demodulator, and filter. 
These devices are compatible with CCITT V.21 (MC145442) and Bell 103 
(MC145443) specifications. Both devices provide full-duplex or half-duplex 300 baud | 
data communicaton over a pair of telephone lines. They also include a carrier detect . P SUFFIX 
circuit for the demodulator section and a duplexer circuit for direct operation on a PLASTIC 

: ‘ CASE 738 
telephone line through a simple transformer. 


@ MC145442 Compatible with CCITT V.21 
@ MC145443 Compatible with Bell 103 
@ Low-Band and High-Band Bandpass Filters On-Chip 20 
@ Simplex, Half-Duplex, and Full-Duplex Operation j 
@ Originate and Answer Mode sa iii 
@ Analog Loopback Configuration for Self Test CASE 751D 
@ Hybrid Network Function On-Chip . 
@ Carrier Detect Circuit On-Chip = 
@ Adjustable Transmit Level and CD Delay Timing 
@ On-Chip Crystal Oscillator (3.579 MHz) 
@ Single +5 Volt Power Supply Operation 
@ internal Mid-Supply Generator 
@ Power-Down Mode 
@ Pin Compatible with MM74HC943 
@ Capable of Driving —9 dBm into a 600-Ohm Load 
BLOCK DIAGRAM j 
CDT 
><] u CDA 
EA Rd 
RxA2 15 iO LOW-BAND CARRIER 3 ee, 
: . BPF DETECT a 
; 
RxA1 : id os eve De AXD 
| Of 
DSI 
; > TxA 
1B : 
' 1 
MODE | oe ex 
SQT ‘ 
! 
11 ' 
! ANALOG 
TxD INTERNAL | GROUND. Vag 
20 
TLA GENERATOR 


Xout <= cataan CLOCK SAMPLING CLOCK: 77.82 kHz . 
Xin > ee SAMPLING CLOCK: 19.46 kHz | qc rs 


*Refer to the FB pin description. 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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ABSOLUTE MAXIMUM RATINGS (Voltages Referenced to Vss) 


[Rating | Symbol | Value ‘| Unit 


This device contains circuitry to protect against 
damage due to high static voltages or electric 
fields, however, it is advised that normal precau- 
tions be taken to avoid application of any voltage 
higher than maximum rated voltages to this high 
impedance circuit. For proper operation it is rec- 
ommended that Vin and Vout be constrained to 
the range Vss S(Vjn or Vout) = VDD- 

Unused outputs must always be tied to an ap- 
propriate logic voltage level (e.g., either Vss or 


Vpp). 


Clamp Diode Current, per Pin | lik: lox 
DC Output Current, per Pin | tout | 28 
| Power Dissipation | PD | 


Operating Temperature Range TA ~— 40 to 85 C 
stg 


Storage Temperature Range — 65 to 150 


RECOMMENDED OPERATING CONDITIONS 


| Parameter | Symbol | Min | Max | Unit | 
[Supply Voltage | | 8 | 8 | 
|DC Input or Output Voltage | Vin Vout | 0 | Vop | Vv _ | 
[Input Rise or Fall Time | tte | | 800 
| Crystal Frequency* | ferystat_ | 32 | 5.0 | Mhz | 


* Changing the crystal frequency from 3.579 MHz will change the output frequencies. The 
change in output frequency will be proportional to the change in crystal frequency. 


DC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V + 10%, Ta = —40 to 85°C) 


High-Level Input Voltage LB 
Xin, TxD, Mode, SQT 
LB 


Low-Level Input Voltage L 
Xjn, TxD, Mode, SQT 

High-Level Output Voltage 

IOH =20 pA 

IoH=2 mA 

IoOH =20 pA 
Low-Level Output Voltage 

lol =20 pA 

lIoL=2 mA 


lIoL=20 pA 
Input Current LB, TxD, Mode, SQT 
RxA1, RxA2 


Quiesent Supply Current 
Xin or fo stal = 3-579 MHz 


Power-Down Supply Current es ae 


Input Capacitance Xin 
All Other Inputs 


VaG Output Voltage (Io = + 10 pA) 
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AC ELECTRICAL CHARACTERISTICS (Vpp =5.0 V + 10%, Ta = — 40 to 85°C, Crystal Frequency =3.579 MHz +0.1%; See Figure 1) 
| Characteristic 


TRANSMITTER 


Power Output on TxA 
RL=1.2 kQ, RTLA= © 
RL=1.2 kQ, RTL A=5.5 kQ 


Second Harmonic Power 
RL=1.2 ko 


RECEIVE FILTER AND HYBRID 


Hybrid Input Impedance RxA1, RxA2 
FB Output Impedance | 


el 
vee 
Adjacent Channel Rejection | 48 | 
ee al 
aa 
=e 


DEMODULATOR 


Receive Carrier Amplitude 
Dynamic Range . 


Bit Jitter 
(S/N=30 dB, Input= —38 dBm, Bit Rate=300 baud) — 


Bit Bias 
Carrier Detect Threshold 
(CDA = 1.2 V or CDA grounded through a 0.1 pF capacitor) 


On to Off 
Off to On 


PIN ASSIGNMENT 


i DATA INPUT 
2 

3 

4 

5 

6 

7 DATA OUTPUT 
8 TEST OUTPUT 

9 INPUT 0.1 pF 0.1 uF 


_a 
So 


= Cont it Crp 


Figure 1. AC Characteristics Evaluation Circuit 


PIN DESCRIPTIONS bias line used in the switched capacitor filters, limiter, and 
. slicer in the demodulation circuitry. 


Vpp—POSITIVE POWER SUPPLY (PIN 6) 
This pin is normally tied to 5.0 V. 


TLA—TRANSMIT LEVEL ADJUST (PIN 20) 


This pin is used to adjust the transmit level. Transmit level 


adjustment range is typically from — 12 dBm to —9 dBm. (See 


This pin is normally tied to 0 V. 
TxD—TRANSMIT DATA (PIN 11) 


VAG— ANALOG GROUND (PIN 19) Binary information is input to the transmit data pin. Data 
Analog ground is internally biased to (Vpp — Vss)/2. This entered for transmission is modulated using FSK techniques. 
pin must be decoupled by a capacitor from Vac to Vss and A logic high input level represents a mark and a logic low 


a capacitor from Vac to Vpp. Analog ground is the common represents a space. (See Table 1.) 
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Table 1. Bell 103 and CCITT V.21 
Frequency Characteristics 


Bell 103 (MC145443) 


=a 


CCITT V.21 (MC145442) 
Originate Mode Answer Mode 


Data 
| Space | 1180Hz | 1850Hz | 1850Hz | 1180Hz | 
| Mark | 980Hz | 1650Hz | 1650Hz | 980Hz 


NOTE: Actual frequencies may be +5 Hz assuming a 3.579545 MHz 
crystal is used. 


TxA—TRANSMIT CARRIER (PIN 17) 


This is the output of the line driver amplifier. The transmit 
carrier is the digitally synthesized sine wave output of the 
modulator derived from a crystal oscillator reference. When a 
3.579 MHz crystal is used the frequency outputs shown in 
Table 1 apply. (See Applications Information.) 


MAXIMUM LEVEL OF OUT-OF-BAND ENERGY, 
RELATIVE TO THE TRANSMIT CARRIER LEVEL INTO 600 & (kHz) 


0 2 3.44 16 64 256 


15 dB/OCTAVE 


TRANSMIT CARRIER LEVEL (dBm) 


Figure 2. Out-of-Band Energy 


Exl—EXTERNAL INPUT (PIN 18) 


The external input is the noninverting input to the line driver. 
It is provided to combine an auxiliary audio signal or speech 
signal to the phone line using the line driver. This pin should 
be connected to Vac if not used. The average level must be 
the same as VAG to maintain proper operation. (See Appli- 
cations Information.) 


DSI—DRIVER SUMMING INPUT (PIN 1) 


The driver summing input may be used to connect an ex- 
ternal signal, such as a DTMF dialer, to the phone line. A 
series resistor, Rpsyj, is needed to define the voltage gain Ay 
(see Applications Information and Figure 6). When applying 
a signal to the DSI pin, the modulator should be squelched 
by bringing SQT (pin 14) to a logic high level. The voltage 
gain, Av, is calculated by the formula Ay = — R¢/Rpsy| (where 


R¢ ~20 kQ). For example, a 20 k resistor for RDs| will provide 
unity gain (Ay = — 20 kQ/20 kQ= — 1). This pin MUST be left 
OPEN if not used. 


RxD— RECEIVE DATA (PIN 5) 


The receive data output pin presents the digital binary data 
resulting from the demodulation of the receive carrier. If no 
carrier is present, CD high, the receive data output (RxD) is 
clamped high. 


RxA2, RxA1— RECEIVE CARRIER (PINS 15, 16) 


The receive carrier is the FSK input to the demodulator 
through the receive band-pass filter. RxA1 is the noninverting 
input and RxA2 is the inverting input of the receive hybrid 
(duplexer) operational amplifier. 


LB—ANALOG LOOPBACK (PIN 2) 


When a high level is applied to this pin (SQT must be low), 
the analog loopback test is enabled. The analog loopback test 
connects the TxA pin to the RxA2 pin and the RxA1 to analog 
ground. In loopback, the demodulator frequencies are 
switched to the modulation frequencies for the selected mode. 
(See Tables 1 and 2 and Figures 4c and 4d.) 

When LB is connected to analog ground (VAG), the mod- 
ulator generates an echo cancellation tone of 2100 Hz for 
MC145442 CCITT V.21 and 2225 Hz for MC145443 Bell 103 
systems. For normal operation, this pin should be at a logic 
low level (Vss). 

The power-down mode is enabled when both LB and SOT 
are connected to a logic high level. (See Table 2.) 


Table 2. Functional Table 


fie 

a 
Po | Answer Mode | 
1 __| Analog Loopback | 
[0 | Sauelch Mode 
ar aa eo eee 


MODE— MODE (PIN 13) 


This input selects the pair of transmit and receive frequencies 
used during modulation and demodulation. When a logic high 
level is placed on this input, originate (Bell) or channel 1 
(CCITT) is selected. When a low level is placed on this input, 
answer (Bell) or channel 2 (CCITT) is selected. (See Tables 1 
and 2 and Figure 4.) 


CDT—CARRIER DETECT TIMING (PIN 4) 


A capacitor on this pin to Vss sets the amount of time the 
carrier must be present before CD goes low. (See Applications 
Information for the capacitor values.) 
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CD—CARRIER DETECT OUTPUT (PIN 3) 


This output is used to indicate when a carrier has been 
sensed by the carrier detect circuit. This output goes to a logic 
low level when a valid signal above the minimum threshold 
level (defined by CDA pin 7) is maintained on the input to the 
hybrid circuit longer than the response time (defined by CDT 
pin 4). This pin is held at the logic low level until the signal 
falls below the maximum threshold level for longer. than. the 
turn off time. (See Applications information and Figure 5.) 


CDA— CARRIER DETECT ADJUST (PIN 7) 


An external voltage may be applied to this pin to adjust the 
carrier. detect threshold. The threshold hysteresis is internally 
fixed at 3 dB. (See Applications Information.) 


Xout- Xin—CRYSTAL OSCILLATOR (PINS 8, 9) 


A crystal reference oscillator is formed when a 3.579 MHz 
crystal is connected between these two pins. Xoyt (pin 8) is 
the output of the oscillator circuit, and Xjpn (pin 9) is the input 
to the oscillator circuit. When using an external clock, apply 
the clock to the Xjn (pin 9) pin and leave Xoyt (pin 8) open. 
An internal 10 mQ resistor and internal capacitors, typically 


10 pF on Xjpn and 16 pF on Xoyt, allow the crystal to be. 


connected without any other external components. Printed 
circuit board layout should keep external stray capacitance to 
a minimum. 


FB—FILTER BIAS (PIN 10) 


This is the negative input to the ac amplifier. In normal 
operation, this pin is connected to analog ground. through a 
0.1 »F bypass capacitor in order to cancel the input offset 
voltage of the limiter. It has a nominal input impedance of 16 
kQ. (See Figure 3.) 


FROM 
BAND-PASS TO 
FILTER CARRIER DETECT CIRCUIT 
AND 
DEMODULATOR 


Figure 3. AC Amplifier Circuit 


SQT—TRANSMIT SQUELCH (PIN 14) 


When this input pin is at a logic high level, the modulator 
is disabled. The line driver remains active if LB is at a logic 
low level. (See Table 2.) 


When both LB and SOT are connected to a logic high level, 
see Table 2, the entire chip is in a power down state and all 
circuitry except the crystal oscillator is disabled. Total power 
supply current decreases from 10 mA (maximum) to 300 pA 
(maximum). 


GENERAL DESCRIPTION 


The MC145442 and MC145443 are full-duplex low-speed 
modems. They provide a 300 baud FSK signal for bidirectional 
data transmission over the telephone network. They can be 
operated in one of four basic configurations as determined by 
the state of MODE (pin 13) and LB (pin 2). The normal (non- 
loopback) and self test (loopback) modes in both answer and 
originate modes will be discussed. . 

For an originate or channel 1 mode, a logic high level is 
placed on MODE (pin 13) and a logic low level is placed on 
LB (pin 2). In this mode, transmit data is input on TxD, where 
it is converted to a FSK signal and routed through a low-band 
band-pass filter. The filtered output signal is then buffered by 
the Tx op-amp line driver, which is capable of driving —9 dBm 
onto a 600 2 line. The receive signal is connected through a 
hybrid duplexer circuit on pins 15 and 16, RxA2 and RxA1. 
The signal then passes through the anti-aliasing filter, the 
sample-and-hold circuit, is switched into the high-band band- 
pass filter, and then switched into the ac amplifier circuit. The 
output of the ac amplifier circuit is routed to the demodulator 
circuit and demodulated. The resulting digital data is then 
output through RxD (pin 5). The carrier detect circuit receives 
its signal from the output of the ac amplifier circuit and goes 
low when the incoming signal is detected. (See Figure 4a.) 

in the answer or channel 2 mode, a logic low level is placed 
on MODE (pin 13) and on LB (pin 2). In this mode, the data 
follows the same path except the FSK signal is routed to the 
high-band band-pass filter and the sample-and-hold signal is 
routed through the low-band band-pass filter. (See Figure 4b.) 

in the analog loopback originate or channel 1 mode, a logic 
high level is placed on MODE (pin 13) and on LB (pin 2). This 
mode is used for a self check of the modulator, demodulator, 
and low-band pass-band filter circuit. The modulator side is 
configured exactly like the originate mode above except the 
line driver output (TxA pin 17) is switched to the negative input 
of the hybrid op-amp. The RxA2 input pin is open in this mode 
and the noninverting input of the hybrid circuit is connected 
to VaG- The sample-and-hold output bypasses the filter so 
that the demodulator receives the modulated Tx data (see 
Figure 4c). This test checks all internal device components 
except the high-band band-pass filter which can be checked 
in the answer or channel 2 mode loopback test. 

In the analog loopback answer or channel 2 mode, a logic 
low level is placed on MODE (pin 13) and a logic high level 
on LB (pin 2). This mode is used for a self check of the 
modulator, demodulator, and high-band pass-band filter cir- 
cuit. This configuration is exactly like the originate loopback 
mode above, except the signal is routed through the high- 
band pass-band filter. (See Figure 4d.) | 
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(a) ORIGINATE/CHANNEL 1 MODE (MODE = HIGH, LB = LOW) 
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1 
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(b) ANSWER/CHANNEL 2 MODE (MODE = LOW, LB =LOW) 


Figure 4. Basic Operating Modes 
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(c) ORIGINATE/CHANNEL 1 MODE AND ANALOG LOOPBACK STATE (MODE =HIGH, LB = HIGH) 


LOW-BAND TAC 
Gi 


DSI 
11 | HIGH-BAND SMOOTHING a 
TxD : 
j a PUTER ie |. re 


(d) ANSWER/CHANNEL 2 MODE AND ANALOG LOOPBACK STATE (MODE = LOW, LB =HIGH) 


Figure 4. Basic Operating Modes 
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APPLICATIONS INFORMATION 


CARRIER DETECT TIMING ADJUSTMENT 


The value of a capacitor, CcpT at CDT (pin 4) determines 
how long a received modem signal must be present above the 
minimum threshold level before CD (pin 3) goes low. The CcpT 
capacitor also determines how long the CD pin stays low after 
the received modem signal goes below the minimum threshold. 
The CD pin is used to distinguish a strong modem signal from 
random noise. The following equations show the relationship 
between tcp_, the time in seconds required for CD to go low; 
tCDH, the time in seconds required for CD to go high; and 
CcpT, the capacitor value in pF. 


Valid signal to CD response time: tcp, ~6.4x CcDpT 
tCDH ~ 0.54 x CcpT 
Example: tcp_~6.4x0.1 pF =0.64 seconds 

tCDH ~ 0.54 x 0.1 wF =0.054 seconds 


Invalid signal to CD off time: 


CARRIER DETECT THRESHOLD ADJUSTMENT 


The carrier detect threshold is set by internal resistors to 
activate CD with a typical — 44 dBm (into 600 ) signal and 
deactivate CD with a typical —47 dBm signal applied to the 
input of the hybrid circuit. The carrier detect threshold level 
can be adjusted by applying an external voltage on CDA (pin 
7). The following equations may be used to find the CDA 
voltage required for a given threshold voltage. (Von and Voff 
are in volts RMS.) | 


VCDA = 244 x Von 
VCDA = 345 x Voff 


Example (internally set) 
Von=4.9 mV = —44 dBm: Vcpp =244x 4.9 mV=1.2 V 
Voff =3.5 mV = —47 dBm: Vcpa = 345 x 3.5 mV=1.2 V 


Example (externally set): 
Von =7.7 mV = —40 dBm: Vcpa = 2447.7 mV=1.9 V 
Voff =5.4 mV = — 43 dBm: Vcpa =345 x 5.4 mV =1.9 V 


AC 
AUTO-NULLED 
HYBRID 
sil COMPARATOR 
16 
RxA10 &- > 


Figure 5. Carrier Detect Circuit 


6 ms 
RETRIGGERABLE a> 


The CDA pin has an approximate Thevenin equivalent volt- 
age of 1.2 V and an output impedance of 100 kQ. When using 
the internal 1.2 volt reference a 0.1 nF capacitor should be 
connected between this pin and Vss. (See Figure 5.) 


TRANSMIT LEVEL ADJUSTMENT 


The power output at TxA (pin 17) is determined by the value 
of resistor RTA that is connected between TLA (pin 20) to 
Vpp (pin 6). Table 3 shows the RTLA values and the corre- 
sponding power output for a 600 2 load. The voltage at TxA 
is twice the value of that at ring and tip because TxA feeds 
the signal through a 600 © resistor RT, to a 600 2 line trans- 
former. (See Figure 7.) When choosing resistor RTLA, keep 
in mind that —9 dBm is the maximum output level allowed 
from a modem onto the telephone line (in the U.S.). In ad- 
dition, keep in mind that maximizing the power output from 
the modem optimizes the signal-to-noise ratio, improving ac- 
curate data transmission. 


Table 3. Transmit Level Adjust 


Output Transmit Level R 
(Typical into 600 0) TLA 


THE LINE DRIVER 


The line driver is a power amplifier used for driving the 
telephone line. Both the inverting and noninverting input to 
the line driver are available for transmitting externally generated 
tones. 

Exl (pin 18) is the noninverting input to the line driver and 
gives a fixed gain of 2 (Rj=50 kQ). The average signal level 
must be the same as VAG to maintain proper operation. This 
pin should be connected to VAG if not used. 

The driver summing input (DSI, pin 1) may be used to 
connect an external signal, such as a DTMF dialer, to the 
phone line. When applying a signal to the DSI pin, the mod- 
ulator should be squelched by bringing SOT (pin 14) to a logic 
high level. DS! MUST be left OPEN if not used. 
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In addition, the-DSI pin is the inverting side of the line driver = Poona es oe ree, 8 7 
and allows adjustable gain with a series resistor Rpsj. (See 
Figure 6.) The voltage gain, Av, is determined by the equation: 
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where Rf~20 kQ. 


Example: A resistor value of 20 kQ for Rps| will provide unity 
gain. 


Ay = — (20 kQ/20 kQ) = —-1 


Figure 6. Line Driver Using the DSI Input 
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*Line protection circuit 
** Refer to the applications information for values of Ccpa and RTLA 


Figure 7. Typical MC145442/MC145443 Applications Circuit 
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The MC1454465 is a silicon-gate CMOS frequency shift keying (FSK) 
modem intended for use in Bell 103/113 and CCITT V. 21 applications. 
Features of the device include: 


300 BAUD 
FSK MODEM 


Bell 103/113 Answer and Originate Compatible, 0-300 Baud 
CCITT V. 21 Modes 1 and 2 Compatible, 0-300 Baud 

Eight Selectable RTS to. CTS Delay Options 

Answer-Back Tone Generator (U.S. and CCITT Tones) 

Carrier Detect Input 

TTL Compatible 

22 Pin Package 

Compatible to the MC145440 Bell 103 or MC145441 CCITT V. 21 
Modem Filter 


L SUFFIX 
CERAMIC PACKAGE 
CASE 736 


P SUFFIX 
PLASTIC PACKAGE 
CASE 708 


ae 
; CTS/900 Hz 
Timer 


a 
3) 


D Cycle 


CK Cik 


Digital Filter 


CD 
A ee ee ee ey Oe ee Vpp=Pin 22 
Vgg=Pin 12 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-577 


MC145445 


ABSOLUTE MAXIMUM RATINGS PIN ASSIGNMENTS 


Symbol 
DC Supply Voltage 
DC Current Drain per Pin 
5 


Tx Car [1 VoD 
CTS G2 210] Tx Test 
CTC H3 20 I] Tx Data 


lout mA 
Pin 3-6, 9, 15, 16, 18, 19, 20 10 
Pins 2, 8 “foe [™ 
Lee 


Operating Temperature Range 
Storage Temperature Range —55 to + 150 


RECOMMENDED OPERATING CONDITIONS Rx Data 8 


| —séParameter_——s|_ = Symbol_=| Min | Typ | Max | Unit cD g9 


DC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V +5%, Vss=0, 0°C<Tas/0°C) 
Characteristics 


2 
) 


Input High Voltage 
Pins 3-6, 9, 15, 16, 18, 19, 20 
Pin 13, 11 
Input Low Voltage 
Pin 3-6, 9, 15, 16, 18, 19, 20 
Pin 13, 11 
Input Current. 
All Inputs (Vj 0 V) 

All Inputs Except Pins 11, 13, (Vj}>2.8 V) (Note 1) 
Output High Current (VQH = 2.4 V) Z 
Pins 2, 8 (Test Load A) 
Pins 10, 21 (Test Load B) 


0 
- 0.75 
_ 0.75 

Output Low Current (Vo, =0.4 V) = 
Pins 2, 8 (Test Load A) 1.2 

6 


| 
| 
(ee) 


z 4. 


: ie 


Pin 13 (Xjn) 
Output Capacitance 


loL 
Pins 10, 21 (Test Load B) — 0 
Operating Current pie | | 
All Except Pin 14 


Input Capacitance 
Transmit Audio Signal Level (Pin 1 Ry = 10 kQ (Note 2) _ 0.428 
Total Harmonic Distortion (2nd to 14th) (Note 2) THD 


All Except Pin 13 
AC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V +5%, Vss=0, 0°CsTaxs70°C) 


2.5 

13 

0.5 0.578 Vp-p 
- 40 dB 


a 
[Ouiput Rise Time (Test Load Al(Pins2,8 ———SOSC—C~—SsSC—“‘—~‘~S~S~S~SCiaYSCdYTC 
[Output Rise Time (Test Load 8) (Pins 10,14 SSSSC~“~*~*~“‘“‘*~*é*SCiSSYSC 
[Output Fall Time (Test Load Al (Pins2, 8) ——SSCSC~C~SC—‘“—~sSSS~SsS w= 2010s 
[Output Fall Time Test Load 6) (Pins 10,142 SSSCSC—~—“—SsSCSC~C—‘id Se | | | 1 | 
[input Rise and Fal Times (Except Pin 1@)__———SSSSCSCSCSS ne | | 000 es 
[Dely From ATStoCTS SS CSC“~“S*CS*“‘“‘—*S*S*S*S*S*S*S*~—“‘~—s~s~G CE Et Kd 


NOTES: . 
1. Active pull-up devices are used on these inputs to allow interfacing to TTL devices. The |jn specified is a transitional load (not steady state) 
which is drawn when the input is brought up to 2.8 V until the internal pull-up device has raised, the signal to the Vpp level. 


2. Measured in any mode using HP-3555B dB meter (or equivalent) with 3 kHz flat filtering. 
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PIN DESCRIPTIONS 


Vpp, POSITIVE POWER SUPPLY (PIN 22) 
This is nominally 5.0 V. 


Vss, NEGATIVE POWER SUPPLY (PIN 12) 
This is usually O volts. 


Tx Car, TRANSMIT CARRIER (PIN 1) 

The transmit carrier output is a 16 step digitally- 
synthesized sine wave with an amplitude of 0.1 Vpp (p-p) 
(+ 10%) and offset by a dc bias of 0.5 Vpp (+ 10%). The 
output load should be 10 kilohms or greater. 


CTS, CLEAR TO SEND (PIN 2) 

The clear to send output goes low in response to a high- 
to-low translation of RTS following a selected delay (see 
CTA, CTB, CTC pin description). This output goes high im- 
mediately after loss of RTS. During the time following ac- 
tivation of RTS and before the activation of CTS, Tx Data 
should be held in the mark condition. 


CTA, CLEAR TO SEND SELECT A (PIN 5) 
CTB, CLEAR TO SEND SELECT B (PIN 4) 
CTC, CLEAR TO SEND SELECT C (PIN 3) 


For delay times for clear to send delay select inputs, see 
Table 1. 


RTS, REQUEST TO SEND (PIN 6) 

The request to send input controls data transmission from 
the modulator. A low level enables the modulator output and 
a high level will disable the modulator. See Figure 1. 


N.C., NO CONNECTION (PINS 7 AND 17) 


These pins are not bonded internally. They should be left 
open in normal operation. 


Rx Data, RECEIVE DATA (PIN 8) 

The receive data output is the serial data output from the 
demodulator. Rx Data is clamped high when CD is not ac- 
tive. 


CD, CARRIER DETECT (PIN 9) 

When carrier detect input is high (1), the Rx Data output 
will be clamped to a high state. When carrier detect is low 
(0), Rx Data output demodulates the Rx carrier input signal. 


DMO, DEMODULATOR OUTPUT (PIN 10) 

The demodulator output is the output of the differential 
delay detector. It is used for production testing of the 
demodulator. In normal operation, this pin should be left 
open. 


Rx Car, RECEIVER CARRIER (PIN 11) 
The receiver carrier input is the FSK input to the 


demodulator. This signal should be the hard-limited output 
of the receive filter, nominally 50%. 


Xin, OSCILLATIOR INPUT (PIN 13) 
Xout, OSCILLATOR OUTPUT (PIN 14) 

Xin should be driven from either an AT-cut crystal or a 
digital signal source at 3.6864 MHz +0.01%. When driven 
by a crystal, a 15 megohm resisitor should be connected 
from Xjn to Xouyt in parallel with the crystal. 


MODE (PIN 15) 


The mode pin selects the pair of frequencies used during 
modulation and demodulation. A ‘'0’’ on this pin selects 
answer mode when Bell type is selected or channel 2 when 
CCITT type is selected. A ‘’1"’ on this pin selects originate 
mode when Bell type is selected or channel 1 when CCITT 
type is selected. . 


ST, SELF TEST (PIN 16) 


When a high level is placed on this pin, the demodulator is 
switched to the modulator frequencies (as determined by 
Mode and Type pins). The modulator should be looped back 
through the receive filter to the demodulator for self test 
(echo back). Loopback can be done using a hardwire 
scheme, or automatically using the internal loopback feature 
of the filter, such as found on the MC145440/41. 


TYPE (PIN 18) 


This pin is used to select between Bell 103/113 type opera- 
tion and CCITT V.21 operation. When the type input pin is a 
“1'" Bell operation is selected. When the type input pin is a 
“O', the CCITT standard is selected. 


An Bk, ANSWER BACK (PIN 19) 


The answer back input causes the answer back tone to be 
transmitted. The answer back tone is 2025 Hz for the Bell 
mode and 2100 Hz for the CCITT modes. When a high level 
is placed on the An Bk input pin, the Tx Car pin will output 
an answer back tone and CTS will go to a high state, regard- 
less of the state of RTS (see Figure 1). 


Tx Data, TRANSMIT DATA (PIN 20) 

The transmit data input is the serial input to the 
modulator. A high level causes a mark frequency to be 
transmitted, a low level causes a space frequency to be 
transmitted. 


Tx Test, TRANSMIT TEST (PIN 21) 

The transmit test output is a square wave representation 
of the modulator transmit frequency. It is used for test pur- 
poses and should be left open in normal operation. 
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FIGURE 1 — An Bk AND RTS-CTS TIMING 


- 


RTS 
Table 2 
CTs 
_ No Signal An Bk Signal No Signal 
Tx Car | - | 


U.S. = 2025 Hz 
CCITT = 2100 Hz 


TABLE 1 — RTS-CTS DELAY TIMES 


* Ail delays are +1.7 ms. 


FIGURE 2 — OUTPUT TEST LOAD A 
[ee -_ | Vcc | 


| t 
| | 
R1=3.1 kQ 
| MMD6150 ag, 
| v\ or Equiv. ; 
— | 
| | 
MMD7000 | 
| or Equiv. 
| = = = | 
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CT =20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances. 


1850 
1650 


180 _CCITT V.21 . 
980 0-300 Baud, Channel. 1 


Bell 103 
0-300 Baud, Answer Mode 


1069.76 Bell 103. 
1270.3 | 0-300 Baud, Originate Mode 


Data=0= Space 
= 1= Mark 


Crystal Frequency = 3.6864 MHz 


‘FIGURE 3 — OUTPUT TEST LOAD B 


aie (one! 
: i 

| MMpD6150 > F1=6.19 ka 
| V| or Equiv. +1% | 
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| or Equiv. 
| | 
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CT =20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances. 
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FIGURE 4 — TYPICAL BELL 103/113 ORIGINATE/ ANSWER MODEM 
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O/A Carrier Detection 200k R14 
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GND | NOTES: 
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3. For CCITT operation, the MC145441 should be used in lieu of the MC145440 
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1200 BAUD FSK MODEM 


The MC145450 is a silicon-gate CMOS frequency shift keying (FSK) 
modem intended for use in Bell 202 and CCITT V.23 applications. 
Features of the device include: 

@ Bell 202 Compatible 0 to 1800 Baud Main Channel 

@ 0 to 150 Baud Reverse Channel 

@ CCITT V.23 Mode 2 Compatible 0 to 1800 Main Channel 

®@ CCITT V.23 0 to 75 Baud Compatible Reverse Channel 

@ TTL Compatible 

@ Eight Selectable RTS-CTS Delay Options 


L SUFFIX 
CERAMIC PACKAGE 
CASE 736 


@ Soft Turn-Off Capability P SUFFIX 
@ Answer Back Tone Generator (US and CCITT Tones) ea ea 


@ Carrier Detect Input 
_@ 22 Pin Package 


CTS/900 Hz 


Timer 16 67 
10 
DMO 
x 2 | 
i Pr Sy | 
S =) . ~ 
Osc as Ly Di | 
Digital Filter pr Ss | 
8 
> Rx Data 
cD 
It ms Siem ek a ac a a a a ae i ae 
VppD= Pin 22 
Vss=Pin 12 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 
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ABSOLUTE MAXIMUM RATINGS PIN ASSIGNMENTS 


Symbol 
DC Supply Voltage | Yoo | Cs” 
Input Voltages, All Inputs Vss—0.5 to Vpop + 0.5 


| Unit | 

DC Current Drain per Pin lout mA 
10 

a il Ee 

es 


VDD 
Tx Test 


Pin 3-6, 9, 15, 16, 18, 19, 20 
Operating Temperature Range 
Storage Temperature Range —55 to + 150 


RECOMMENDED OPERATING CONDITIONS 
| Parameters | Symbol | Min _| | Max _| 


DC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V +5%, Vss=0, Ta=0 to 70°C) 
Characteristics 


i 
< 


mbol 
1H 


< 


< 
E ‘|i 


Input High Voltage 
Pins 3-7, 9, 15, 16, 18, 19, 20 
Pin 13, 11 


Input Low Voltage 

Pins 3-7, 9, 15, 16, 18, 19, 20 
Pin 13, 11 
Input Current 
All Inputs (Vy_ 0 V) 
All Inputs Except Pins 11, 13, (Vj}y7>2.8 V) (Note 1) 
Output High Current (VoH =2.4 V) 
Pins 2, 8 (Test Load A) 
Pins 10, 21 (Test Load B) 
Output Low Current (Vo, =0.4 V) 
Pins 2, 8 (Test Load A) 
Pins 10, 21 (Test Load B) 
Operating Current 
Input Capacitance 

All Except Pin 13 
Pin 13 (Xin) 
Output Capacitance 

All Except Pin 14 
Pin 144(Xo5ut) 


4.0 


Oo 

= 
oO- oo 
: SN 


pF 
12 


pF 
12 
1 = 
0.578 Vp-p | 
~ 40 dB 


Cin 


c 
() 
Cc 
+ 


= 0.428 
D = — 50 


4 
mm 


Characteristics 
Output Rise Time (Test Load A) (Pins 2, 8) 
Output Rise Time (Test Load B) (Pins 10, 14, 21) 
Output Fall Time (Test Load A) (Pins 2, 8) 


Output Fall Time (Test Load B) (Pins 10, 14, 21) 

Input Rise and Fall Times (Except Pin 13) 

Delay From RTS to CTS STO=Low 
Delay From RTS to CTS STO= High 


NOTES: 
1. Active pull-up devices are used on these inputs to allow interfacing to TTL devices. The ljn specified is a transitional load (not steady state) 
which is drawn when the input is brought up to 2.8 V until the internal pull-up device has raised the signal to the Vpp level. 


2. Measured in any mode using HP-3555B dB meter (or equivalent) with 3 kHz flat filtering. 
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PIN DESCRIPTIONS 


Vpp, POSITIVE POWER SUPPLY (PIN 22) 
This is nominally 5.0 V. 


Vss, NEGATIVE POWER SUPPLY (PIN 12) 
This is usually 0 volts. | 


Tx Car, TRANSMIT CARRIER (PIN 1) 

The transmit carrier output is a 16 step digitally- 
synthesized sine wave with an amplitude of 0.1 Vpp (p-p) 
(+ 10%) and offset by a dc bias of 0.5 Vpp (+ 10%). The 
output load should be 10 kilohms or greater. 


CTS, CLEAR TO SEND (PIN 2) 

The clear to send output goes low in response to a high- 
to-low translation of RTS’ following a selected delay (see. 
CTA, CTB, CTC pin description). This.output goes high im- 
mediately after loss of RTS. During the time following ac- 
tivation of RTS and before the activation of CTS, Tx Data 
should be held in the mark condition. 


CTA, CLEAR TO SEND SELECT A (PIN 5) 
CTB, CLEAR TO SEND SELECT B (PIN 4) 
CTC, CLEAR TO SEND SELECT C (PIN 3) 


For delay times for clear to send delay select inputs, see 
Table 1. 


RTS, REQUEST TO SEND (PIN 6) 

_ The request to send input controls data transmission from. 
the modulator. A low level enables the modulator output and 
a high level will disable the modulator. See Figure 1. 


STO, SOFT TURN OFF INPUT (PIN 7) 
Activation of STO causes a 900 Hz tone to be transmitted 


and CTS to remain active for 20 ms following the loss of 
RTS. See Figure 5. 


Rx Data, RECEIVE DATA (PIN 8) 

The receive data output is the serial data output from the 
demodulator. Rx Data is clamped high when CD is not ac- 
tive. 


CD, CARRIER DETECT (PIN 9) 

When carrier detect input is high (1), the Rx Data output 
will be clamped to a high state. When carrier detect is low 
(0), Rx Data output demodulates the Rx carrier input signal. 


DMO, DEMODULATOR OUTPUT (PIN 10) 

: The demodulator output is the output of the differential 
delay detector, It is used for production testing of the 
demodulator. In normal operation, this pin should be left 
open. 


Rx Car, RECEIVER CARRIER (PIN 11) 

The receiver carrier input is the FSK input to the 
demodulator. This signal should be the hard- ‘limited output 
of the receive filter, nominally 50%. 


Xin, OSCILLATIOR INPUT (PIN 13) 


Xout, OSCILLATOR OUTPUT (PIN 14) 


Xin should be driven from either an AT-cut crystal or a 
digital signal source at 3.6864 MHz +0.01%. When driven 
by a crystal, a 15 megohm resisitor should be connected 
from Xjn to Xout in parallel with the crystal. 


MODE (PIN 15) 


The mode pin selects the pair of frequencies used during 
modulation and demodulation. A ‘’0"’ on this pin selects for- 


_ ward channel operation; i.e. high-speed transmit and low- 


speed receive. A ‘1’ on this pin selects reverse channel 
operation; i.e. low-speed transmit and high-speed receive. 


ST, SELF TEST (PIN 16) 

When a high level is placed on this pin, the demodulator i is 
switched to the modulator frequencies and baud rate (as 
determined by Mode and Type pins). The modulator should 
be looped back through the receive filter to the demodulator 
for self test (echo back). 


N.C. NO CONNECTION (PIN 17) 
This pin is not bonded internally and should be left open in 
normal operation. 


TYPE (PIN 18) 

This pin is used to select Bell 202 type operation and 
CCITT V.23 operation. When the type input pin is a ‘1’, Bell 
operation is selected. When the type input pin is a ‘’0"’, the 
CCITT standard is selected. 


An Bk, ANSWER BACK (PIN 19) 

The answer back input causes the answer back tone to be 
transmitted. The answer back tone is 2025 Hz for the Bell 
mode and 2100 Hz for the CCITT modes. When a high level 
is placed on the An Bk input pin, the Tx Car pin will output 
an answer back tone and CTS will go to a high state, regard- 
less of the state of RTS (see Figure 1). 


Tx Data, TRANSMIT DATA (PIN 20) 

The transmit data input is the serial input to the 
modulator. A high level causes a mark frequency to be 
transmitted, a low level causes a space frequency to be 


_ transmitted. 


Tx Test, TRANSMIT TEST (PIN 21) 

The transmit test output is a Square wave representation 
of the modulator transmit frequency. It is used for test pur- 
poses and should be left open in normal operation. 
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FIGURE 1 — An Bk AND RTS-CTS TIMING 


An Bk 


tRTS-CTS 
Table 1 


GIS 
No Signal An Bk Signal No Signal 
Tx Car 


TABLE 1 — RTS-CTS DELAY TIMES 


* All delays are + 1.7 ms. 


TABLE 2 — OPERATING MODES 


a. | 
Transmit a. | 
Type Mode = 


CCITT V.23 75 Baud Receive 
1200 Baud Transmit 
Forward Channel 
CCITT V.23 1200 Baud Receive 
75 Baud Transmit 
Reverse Channel - 
U.S. 150 Baud Receive 
1200 Baud Transmit (Bell 202) 
Forward Channel 
.S. 1200 Baud Receive (Bell 202) 
150 Baud Transmit 
Reverse Channel 
Data=0= Space * Crystal Frequency = 3.6864 MHz 
= 1= Mark 
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FIGURE 2 — STO TIMING. 
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7 or Equiv. 


| 
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Cry = 20 pF= total parasitic capacitance, which includes 
probe, wiring, and load capacitances. 


Transmit Data 
Parallel Format 
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MC145450 
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Receiver 
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Receive Data 
Parallel Format 


i Vcc 
| mmpeis0 3 7! sar 
| v7 or Equiv. 
| 

MMD7000 
| or Equiv. 
| 


Cy =20 pF = total parasitic capacitance, which includes 


probe, wiring, and load capacitances. 


FIGURE 5 — TYPICAL MEDIUM-SPEED MODEM APPLICATION 
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FIGURE 6 — TYPICAL 1200 BAUD 4 WIRE MODEM APPLICATION 
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Product Preview 


ISDN U Reference Point 
Transceiver 


The MC145472 is an Integrated Services Digital Network-Basic Access Transceiver for 
metallic loops for application on the network side of the NT-Layer 1. It provides a 144 
kbps full duplex transmission capability for twisted pair loops. 


@ A Single Chip 2B10, Echo Cancelling, Adaptively Equalized Transceiver 
@ Conforms to the American National Standard for ISDN Basic Access Interface for 
Application at the Network Side of the NT, Layer 1 Specification (ANSI 
T1.xxx- 1988) | 
@ Customer Data (2B + D) Provided To/From the Industry Standard Inter-Chip Digital | 
Link (IDL) . 
@ Control, Status, and Extended Maintenance Functions are Provided Via the Industry 
Standard Serial Peripheral Interface (SPI) Serial Control Port (SCP) 
@ On-Chip Conformance with Activation/Deactivation as Specified in the American 
National Standard | | | 
. Basic Maintenance Functions are Provided On-Chip 
Automatic, Internal Compliance with the Embedded Operations Channel (EOC) — 
Protocol as Specified in the American National Standard 
Extended Maintenance Functions Provided Via the Serial Control Port 
Complete Set of Loopbacks for Both the IDL and U Reference Point Directions 
Pin Selectable NT/LT Mode of Operation 
Low Power Consumption When in the Deactivated State 
On Chip Transmit Driver 
Low Power CMOS 
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COUPLING CIRCUIT 


FROM IDL Tx FILTER 


IDL 
Rx QUEUE 


SERIAL | 
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This document contains information on a product under development. Motorola reserves the right to change or discontinue this product without notice. 
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ISDN S/T Interface Transceiver 


The MC145474/75 ISON S/T transceiver provides an economical VLSI layer one inter- 
face for the transportation of 2B + D information between network termination and termi- 
nal equipment applications. The MC145474/75 conforms to the CCITT 1.430 and ANSI 
TI.605 recommendations. It provides the modulation/line drive and demodulation/line re- 
ceive functions required of the interface. In addition, the MC145474/75 provides the acti- 
vation/deactivation, error monitoring, framing, bit and octet timing. The MC145474/75 
also provides the control signals for the interface to the layer two devices, complete mul- 
tiframe capability and maintenance signalling channels. The MC145474/75 features the In- 
terchip Digital Link (IDL) for the exchange of 2B + D channel information between ISDN 
components and systems. The MC145474/75 provides an industry standard serial control 
port (SCP) to program the operation of the transceiver. | 


® Conforms to the CCITT 1.430 Recommendations 

@ Features the Interchip Digital Link (IDL) 

@ Pin Selectable Network or Terminal Operating Modes _ DREQUESTIFIX( 

@ Industry Standard Microprocessor Serial Control Port CLASS/ECHO IN [} 10 
@ Supports 1:1 Transformers for Transmit and Receive IDL Sync {} 11 
@ Extended Range Operation in Both Point-to-Point and Passive-Bus Operation IDL CLK 12 
@ Supports Multiframing on SC1 through SC5 and O Channels 

@ 
e 
@ 
@ 
@ 


PIN ASSIGNMENTS 


Optional B Channel idle, Exchange, or Invert IDL RX 13 
Supports Full Range of S/T and IDL Loopbacks IDL TX 14 
Supports Low Power Wake-Up Mode : : 
Supports Crystal or Clock Input 

1.5 » CMOS Design for 5-Volt Low Power Operation 


BLOCK DIAGRAM 


ISET 


2B+D 
IDL SYNC 

IDL CLK IDL 1/0 MODULATE pa id 18 EL EXTAL 
IDL TX CONTR ee 

vig OL CONTROL Sonn 


s IDL ciK] 9 14 [SCP CLK 


DREQUEST/FIX D CHANNEL 


DGRANT/FSYNC CONTROL 


RESET | IDL RX {10 13 [] SCP RX 
TE/NT . Ine TX} 11 12 [] SCP TX 
oe osc 
oi = DEMODULATION : 

SPH contro, [-<J— AXP | 

SCP CLK SERIAL - | 

SCP TX CONTROL TIMING 

SCP RX PORT RECOVERY q RXN 
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MOTOROLA 
a SEMICONDUCTOR 


TECHNICAL DATA | : 


MC145488 


Advance Information* 
Dual Data Link Controller (DDLC) 


The MC145488 is a two-channel ISDN LAPD controller with an on-chip direct © 
memory access (DMA) controller. It is intended for ISDN terminal and switch appli- 
cations where one or two channels of data will use HDLC-type protocols. The 

' DDLC is ideally suited for use with the MC145474 S/T Transceiver: The Interchip 
Digital Link (IDL) easily connects the chips together, providing a powerful layer 
one/layer two ISDN solution. A serial control port efficiently controls the MC145474 
or other ISDN family devices. The DDLC is compatible with 68000 and 80186 bus 
structures. | 


@ Two Independent Full-Duplex Bit-Oriented Protocol Controllers Support HDLC, SDLC, 
CCITT X.25, CCITT 0.921 (LAPD), and V.120 at Basic and Primary Rates 
@ Four Channel On-Chip DMA Controller | | 
64 Kbyte Address Range with Expansion Control 
Internal Programmable Wait-State Generator 
Two Buffer Descriptors for Each Receiver Channel 
Compatible with 68000 and 80186 Bus Structures 
Nonmultiplexed 16- and 8-Bit Data Bus 
Bit-Level HDLC Processing Including: 
Flag Generation/Detection 
Abort Generation/Detection 


Zero Insertion/Deletion @ Flexible Serial Interface with: 
CRC-CCITT Generation/Checking IDL Interface for Connection to Other ISDN 
Residue Bit Handler Family Devices 
@ TEI/SAPI Address Comparison Timeslot Interface for Connection to PBX- — 
Three Address Comparisons Type Backplanes 
Wildcard Bits for Block Comparisons Modem Interface for Other Applications 
Transparent Mode for Codec Compatibility @ Supports CCITT Specification 1.460 


Programmable Interrupt Vector Generator @ Supports DMI Specification 3.1 Modes 0, 1, 2, and 3 
Two Independent Timers Configurable as a @ Serial Control Port for ISDN Family Device Control 
Watchdog Timer @ Low-Power CMOS with Automatic Power-Down 


BLOCK DIAGRAM 


SERIAL CONTROL 


TIMERS 


CHANNEL 0 
DM 
pri PROTOCOL STATUS! 
CONTROLLER CONTROL 


MODEM | REGISTERS 


_ INTERFACE | ORES EEE 


papa tctaa EEE] MICROPROCESSOR 
16-BIT BUS ZEEE] INTERFACE 


co 


IDLITOM CHANNEL 1 


PROTOCOL | Ts 
CONTROLLER FIFOs 


DMA 
CONTROLLER — 


INTERFACE 


MODEM | 
INTERFACE | 


ase aaa | 


* Contact your Motorola representative for samples and complete data. 
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m= SEMICONDUCTOR 


MOTOROLA 
TECHNICAL DATA 


Advance /[nformation 
PCM Codec/Filter Mono-Circuit 


The MC145500, MC145501, MC145502, MC 145503, and MC 145505 are all per 
channel PCM codec/filter mono-circuits. These devices perform the voice digitiza- 
tion and reconstruction as well as the band limiting and smoothing required for 
PCM systems. The MC145500 and MC145503 are general purpose devices that are 
offered in a 16-pin package. They are designed to operate in both synchronous and 
asynchronous applications and contain an on chip precision reference voltage. The 
MC145501 is offered in an 18-pin package and adds the capability of selecting from 
three peak overload voltages (2.5, 3.15, and 3.78 V). The MC145505 is a synchron- 
ous device offered in a 16-pin DIP and wide body SOIC package intended for instru- 
ment use. The MC145502 is the full-featured device which presents all of the 
options of the chip. This device is packaged in a 22-pin DIP and a 28-pin chip carrier 
package and contains all the features of the MC145500 and MC145501 plus several 
more. Most of these features can be made available in a lower pin count package 
tailored to a specific user’s application. Contact the factory for further details. 

These devices are pin-for-pin replacements for Motorola’s first generation of 
MC14400/01/02/03/05 PCM mono-circuits and upwardly compatible with the 
MC14404/06/07 codecs and other industry standard codecs. They also maintain 
compatibility with Motorola’s family of TSACs and MC3419 SLIC products. 

The MC145500 family of PCM codec/filter mono-circuits utilizes CMOS due to its 
reliable low-power performance and proven capability for complex analog/ digital 
VLSI functions. 


MC145500 

16-Pin Package 

Transmit Bandpass and Receive Low-Pass Filters on Chip 

Pin Selectable Mu/A Law Companding with Corresponding Data Format 

On Chip Precision Reference Voltage (3.15 V) 

Power Dissipation of 50 mW, Power Down of 0.1 mW at +5 Volts 

Automatic Prescaler Accepts 128 kHz, 1.536, 1.544, 2.048, and 2.56 MHz for 
Internal Sequencing 

MC145501 — All of the Above Plus: 

@ 18-Pin Package 

@ Selectable Peak Overload Voltages (2.5, 3.15, 3.78 Volts) 

@ Access to the Inverting Input of the Tx! Input Operational Amplifier 

MC145502— All of the Above Plus: 

@ 22-Pin Package 

@ Variable Data Clock Rates (64 kHz to 4.1 MHz) 

@ Complete Access to the Three Terminal Transmit Input Operational Amplifier 

@ An External Precision Reference May Be Used 

MC145503— All the Above Features of the MC145500 Plus: 

@ 16-Pin Package 

@ Complete Access to the Three Terminal Transmit Input Operational Amplifier 

MC145505— Same as MC145503 Except: 

@ 16-Pin Package 

@ Common 64 kHz to 4.1 MHz Transmit/Receive Data Clock 


1 


IiC145500 
NMiC145501 


NMIC145502 
NiC145503 
NIC145505 


am 


1 


L SUFFIX 
CERAMIC 
CASE 620 
MC145500/03/05 


P SUFFIX 

PLASTIC 

CASE 648 
MC145503/05 


L SUFFIX 
CERAMIC 
CASE 726 


MC145501 


L SUFFIX P SUFFIX 
CERAMIC PLASTIC 


CASE 736 CASE 708 


MC145502 


1 


DW SUFFIX FN SUFFIX 


so CHIP CARRIER 


CASE 751 
MC 145503 
MC145505 


CASE 776 
MC145502 
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MC145500, MC145501, MC145502, MC145503, MC 145505 
MC145500/01/02/03/05 PCM CODEC/FILTER MONO-CIRCUIT BLOCK DIAGRAM 


~ RxO Co 


RxG [> 


SHARED 
DAC 


SEQUENCE 
AND 
CONTROL 


TRANSMIT 
SHIFT REGISTER 


NOTES: 
<—J Controlled by Vis 
Rx = 100 kQ (internal resistors) 


PIN ASSIGNMENT 
(Drawings Do Not Reflect Relative Size) 


MC145500L MC145503L,P MC145505L,P MC145501L 


ra) 
z 
1 

e RCE 


24 ROC 


MC145502FN Toc 
g  28PINPLCC vy tn 
(TOP VIEW) 


21 UNC 
i} CCI 
1 TDD 
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MC145500, MC145501, MC145502, MC 145503, MC145505 


MAXIMUM RATINGS (Voltages Referenced to Vss) 


|p Rating =| Symbol | 


This device contains circuitry to protect against 
damage due to high static voltages or electric 
fields, however, it is advised that normal precau- 
tions be taken to avoid application of any voltage 
higher than maximum rated voltages to this high 
impedance circuit. For proper operation it is rec- 
ommended that Vj, and Voyt be constrained to 
the range Vss s(Vijn or Vout) SVppD- 

Unused outputs must always be tied to an ap- 
propriate logic voltage level (e.g., Vss, Vpp. 


| Vis, or VAG)- | 


Vpp-Vss ee 
[DC Drain Per Pin (Excluding Vpp.Vss)_| 1 | 10 ma 


RECOMMENDED OPERATING CONDITIONS (Ta = — 40 to +85°C) 


J Characteristic | in typ | Max | Unit | 


DC Supply Voltage V 
Dual Supplies: Vpp = — Vss, (VAG=VLs=0 V) 
Single Supply: Vpp to Vss (VG is an Output, Vis = Vpp or Vss) 
MC145500, MC 145501, MC 145502, MC 145503, MC 145505 (Using Internal 3.15 V 
Reference) 
MC145501, MC 145502 Using Internal 2.5 V Reference 
MC145501, MC145502 Using internal 3.78 V Reference 
MC145502 Using External 1.5 V Reference, Referenced to Vac 


Power Dissipation 
CMOS Logic Mode (Vpp to Vss = 10 V, Vis =Vpp) 


mw 
70 
TTL Logic Mode (Vpp = +5 V, Vgs= —5 V, VLS=VaG=0 V) 90 
Power Down Dissipation ee eee ee 
Frame Rate Transmit and Receive | 75 | 80 | 85 | kHz | 


Data Rate 128 
MC145500, MC 145501, MC 145503 
Must Use One of These Frequencies +2%, Relative to MSI Frequency of 8 kHz 


Data Rate for MC145502, MC 145505 


Full Scale Analog Input and Output Level 
MC145500, MC 145503, MC 145505 
MC145501, MC145502 (Vref=Vss) RSI=Vpp 


RSI=Vss 
RSI=VaG 
MC145502 Using an External Reference Voltage Applied at Vref Pin RSI=Vpp 
RSI=Vss 


RSI=VaG 


DIGITAL LEVELS (Vss to Vpp = 4.75 V to 12.6 V, Ta = —40 to + 85°C) 


Input Voltage Levels (TDE, TDC, RCE, RDC, RDD, DC, MSI, CCI, PDI) 


CMOS Mode (Vis=Vpp. Vssg is Digital Ground) 0.3xVpp 
0.7XVpp 


TTL Mode (Vis <Vpp —4.0 V, Vig is Digital Ground) Vis +0.8 V 
Vist+2.0 V 


Output Current for TDD (Transmit Digital Data) 


CMOS Mode (Vis=Vpp,. Vss=0 V and is Digital Ground) 
(Vpp=5 V, Vout = 0-4 V) 
(Vpp = 10 V, Voyt =9.5 V) 
(Vpp=5 V, Vout =4-5 V) 
(Vpp= 10 V, Vout =9-5 V) 
TTL Mode (VLs <Vpp — 4.75 V, Vis =0 V and is Digital Ground) VoL=0.4 V 
VOH=2.4 V 
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MC 145500, MC 145501, MC 145502, MC 145503, MC 145505» 


ANALOG TRANSMISSION PERFORMANCE a 
(Vpp= +5 V +5%, Vgg=—5 V +5%, ViLS=VAG=0 V, Vref=RSI=Vss (Internal 3.15 V Reference), 
0 dBm0= 1.546 Vrms = +6 dBm @ 600 0, Ta = —40 to + 85°C, TDC=RDC=CCI, TDE=RCE=MSI, Unless Otherwise Noted) 


otic 


Absolute Gain (0 dBm0 @ 1.02 kHz), Ta=25°C, Vpp=5 V, Vgg=5 V eel 


Absolute Gain Variation With Temperature 0° to + 70°C : | - | = | 
Absolute Gain Variation With Temperature — 40° to + 85°C 
Absolute Gain Variation With Power Supply (Vpp=5 V, Vss=5 V, 5%) 


Gain vs Level Tone (Relative to — 10 dBm0, 1.02 kHz) +3 to —40 dBm0 
—40 to —50 dBm0 
—50 to —55 dBm0 


Gain vs Level Pseudo Noise (A-Law Relative to — 10 dBm0) 
CCITT G.714 ' —10 to —40 dBm0O 
~—40 to —50 dBm0 

—50 to —55 dBm0 


0 to —30 dBm0 
—40 dBm0 
— 45 dBm0 


—3 dBm0 
—6 to —27 dBm0 

—34 dBm0 
—40 dBm0 
—55 dBm0 


Total Distortion—1.02 kHz Tone (C-Message) 


Total Distortion With Pseudo Noise (A-Law), CCITT G.714 


Idle Channel Noise (For End-End and A/D, See Note 1) 
(Mu-Law, C-Message Weighted) 
(A-Law, Psophometric Weighted) 


Frequency Response (Relative to 1.02 kHz @ 0 dBm0) 


[nband Spurious (1.02 KHz @ 0 dBm, Tanamit and Rx) _300t0 2000He| — | - | — | -@| — | —« | asin | 


Out-of-Band Spurious at RxO (300-3400 Hz @ 0 dBm0 In) 


4600 to 7600 Hz 
7600 to 8400 Hz 
8400 to 100,000 Hz 


Idle Channel Noise Selective @ 8 kHz, Input=V,aG, 30 Hz Bandwidth 
Absolute Delay @ 1600 Hz (TDC = 2.048 MHz, TDE=8 kHz) | 


Group Delay Referenced to 1600 Hz (TDC = 2048 kHz, TDE=8 kHz) 
500 to 600 Hz 

~ 600 to 800 Hz 
800 to 1000 Hz 
1000 to 1600 Hz 
1600 to 2600 Hz 
2600 to 2800 Hz 
2800 to 3000 Hz 


Crosstalk of 1020 Hz @ 0 dBm0 From A/D or D/A (Note 2) 


intermodulation Distortion of Two Frequencies of Amplitudes —4 to 
—21 dBm0 From the Range 300 to 3400 Hz 


NOTES: 
1. Extrapolated from a 1020 Hz @ —50 dBm0 distortion measurement to correct for encoder enhancement. 
2. Selectively measured while the A/D is stimulated with 2667 Hz @ — 50 dBm0. 
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MC145500, MC 145501, MC 145502, MC 145503, MC145505 


ANALOG ELECTRICAL CHARACTERISTICS (Vpp= —Vss=5 V to6 V +5%, Ta = —40 to +85°C) 


Symbol 
Input Current +Tx, —Tx (Txl for MC145500) 


AC Input Impedance to Vag (1 kHz) +X, TR Zin 
(Txl for MC145500) 


+ 
oO 
= 
Ad 


—< 
cs) 


Input Capacitance +Tx, —Tx fe eae | pF 
eee 
_ Input Common Mode Voltage Range +Tx, —Tx VICR Vpp —2.0 V 
‘Input Common Mode Rejection Ratio +Tx, —Tx CMRR — dB 


BW, | | 
Avon | = 
ae 
ee! 


Output Voltage Range Txl Op Amp, RxO or RxO 
Ry =10 k to VaG 
Ri =600 2 to Vag 


Output Current Txl, RxO, RxO Vss+1.5 VsVoutsVbDp — 1.5 V 


a 
an 
smesien 
hal 
eee 
on sn ocean 
— 
— 
leases 


; 
N 
+f 
< 


Output de Offset Voltage Referenced to Vac Pin RxO 
RxO* 


Internal Gainsetting Resistors for RxG to RxO and RxO 
External Reference Voltage Applied to Vref (Referenced to Vac) 
Vref Input Current 


VaG Output Bias Voltage 


VAG Output Current Source IVAG 
Sink 


Output Leakage Current During Power Down for the Tx! Op Amp, 
VAG, RxO, and RxO 


Q. 
Ww 
) 


Positive Power Supply Rejection Ratio, Transmit 
0-100 kHz @ 250 mV, C-Message Weighting Receive 

Negative Power Supply Rejection Ratio, Transmit dBC 
0-100 kHz @ 250 mV, C-Message Weighting Receive 


* Assumes that RxG is not connected for gain modifications to RxO. 
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MC145500, MC148501, MC 145502, MC145503, MC 145505 


MODE CONTROL LOGIC (Vgg to Vpp=4.75 V to 12.6 V, Ta= —40 to +85°C) 


Characteristic 


Vis Voltage for TTL Mode (TTL Logic Levels Referenced to V;_s) 
Vis Voltage for CMOS Mode (CMOS Logic Levels of Vss to Vpp) 


Mu/A Select Voltage 
Mu-Law Mode 
Sign Magnitude Mode 
A-Law Mode 


RSI Voltage for Reference Select Input (MC145501 and MC145502) 


3.78 V Mode 
2.5 V Mode 
3.15 V Mode 


Vref Voltage for Internal or External Reference (MC145502 only) 
Internal Reference Mode 
External Reference Mode 


Analog Test Mode Selection Frequency, MS = CCI (MC145500, MC145501, 
MC145502 only) See Pin Description; Test Modes 


SWITCHING CHARACTERISTICS (Vsg to Vpp =9.5 V to 12.6 V, Ta = —40 to +85°C, C, = 150 pF CMOS or TTL Mode) 


Characteristic. 
Output Rise Time TDD tTLH 
Output Fall Time tTHL 
Input Rise Time TDE, TDC, RCE, RDC, DC, MSI, CCI tTLH 
Input Fall Time | tTHL 


Pulse Width TDE Low, TDC, RCE, RDC, DC, MSI, CCI 
Data Clock Pulse Frequency TDC, RDC, DC 


CCI Clock Pulse Frequency (MSI =8 kHz) 
This Pin will Accept One of These Discrete Clock Frequencies and will 
Compensate to Produce Internal Sequencing 


Propagation Delay Time 
TDE Rising to TDD Low Impedance 


TDE Falling to TDD High Impedance 
TDC Rising Edge to TDD Data, During TDE High 


TDE Rising Edge to TDD Data, During TDC High 


TDC Falling Edge to TDE Rising Edge Setup Time 
TDE Rising Edge to TDC Falling Edge Setup Time 


[RCE Rising Edge to RDC Falling Edge Setup Time | teu | 100 
| ROD Valid to RDC Falling Edge Setup Time tous | 
| CCI Falling Edge to MSI Rising Edge Setup Time tous | 20 
| TOE, TDC, RCE, RDC, RDD, DC, MSI, CCl input Capacitance | 
| TDE, TDC, RCE, RDC, ROD, DC, MSI, CClinput Curent | 
| TDD Capacitance During High Impedance (TDELow) | 
| TDD input Curent During High Impedance (TDELow) | 
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DEVICE DESCRIPTIONS 


A codec/filter is a device which is used for digitizing and 
reconstructing the human voice. These devices were devel- 
oped primarily for the telephone network to facilitate voice 
switching and transmission. Once the voice is digitized, it may 
be switched by digital switching methods or transmitted long 
distance (T1, microwave, satellites, etc.) without degradation. 
The name codec is an acronym from ‘‘coder’’ for the A/D 
used to digitize voice, and “‘decoder’’ for the D/A used for 
reconstructing voice. A codec is a single device that does both 
the A/D and D/A conversions. 

To digitize intelligible voice requires a signal to distortion of 
about 30 dB for a dynamic range of about 40 dB. This may 
be accomplished with a linear 13-bit A/D and D/A, but will 
far exceed the required signal to distortion at amplitudes 
greater than 40 dB below the peak amplitude. This excess 
performance is at the expense of data per sample. Two meth- 
ods of data reduction are implemented by compressing the 
13-bit linear scheme to companded 8-bit schemes. These com- 
panding schemes follow a segmented or ‘‘piecewise-linear”’ 
curve formatted as sign bit, three chord bits, and four step 
bits. For a given chord, all 16 of the steps have the same 
voltage weighting. As the voltage of the analog input in- 
creases, the four step bits increment and carry to the three 
chord bits which increment. With the chord bits increment, 
the step bits double their voltage weighting. This results in an 
effective resolution of 6-bits (sign+chord+four step bits) 
across a 42 dB dynamic range (7 chords above zero, by 6 dB 
per chord). There are two companding schemes used; Mu- 
255 Law specifically in North America, and A-Law specifically 
in Europe. These companding schemes are accepted world 
wide. The tables show the linear quantization levels to PCM 
words for the two companding schemes. 

In asampling environment, Nyquist theory says that to prop- 
erly sample a continuous signal, it must be sampled at a fre- 
quency higher than twice the signal’s highest frequency 
component. Voice contains spectral energy above 3 kHz, but 
its absence is not detrimental to intelligibility. To reduce the 
digital data rate, which is proportional to the sampling rate, a 
sample rate of 8 kHz was adopted, consistent with a bandwidth 
of 3 kHz. This sampling requires a low-pass filter to limit the 
high frequency energy above 3 kHz from distorting the inband 
signal. The telephone line is also subject to 50/60 Hz power 
line couping which must be attenuated from the signal by a 
high-pass filter before the A/D converter. 

The D/A process reconstructs a staircase version of the 
desired inband signal which has spectral images of the inband 
signal modulated about the sample frequency and its har- 
monics. These spectral images are called aliasing components 
which need to be attenuated to obtain the desired signal. The 
low-pass filter used to attenuate these aliasing components is 
typically called a reconstruction or smoothing filter. 

The MC145500 series PCM codec/filters have the codec, 
both presampling and reconstruction filters, a precision voltage 
reference on chip, and require no external components. There 
are five distinct versions of the Motorola MC145500 Series. 


MC145500 


The MC145500 PCM mono-circuit is intended for standard 
byte interleaved synchronous and asynchronous applications. 


MC145500, IMC145501, MC145502, MC145503, MC 145505 


The TDC pin on this device is the input to both the TDC and 
CCI functions in the pin description. Consequently, for MSI =8 
kHz, TDC can be one of five discrete frequencies. These are 
128 kHz (40 to 60% duty cycle) 1.536, 1.544, 2.048, or 2.56 
MHz. (For other data clock frequencies see MC145502 or 
MC145505.) The internal reference is set for 3.15 volts peak 
full scale, and the full scale input level at Txl and output level 
at RxO is 6.3 volts peak-to-peak. This is the +3 dBm level 
of the PCM codec/filter. All other functions are described in 
the pin description. 


MC145501 


The MC145501 PCM codec/filter offers the same features 
and is for the same application as the MC145500, but offers 
two additional pins and features. The reference select input 
allows the full scale level of the device to be set at 2.5 Vp, 
3.15 Vp, or 3.78 Vp. The — Tx pin allows for external transmit 
gain adjust and simplifies the interface to the MC3419 SLIC. 
Otherwise, it is identical to MC145500. 


MC 145502 


The MC145502 PCM codec/filter is the full feature 22-pin 
device. It is intended for use in applications requiring maximum 
flexiblity. The MC145502 contains all the features of the 
MC145500 and MC145501. The MC145502 is intended for bit 
interleaved or byte interleaved applications with data clock 
frequencies which are nonstandard or time varying. One of 
the five standard frequencies (listed above) is applied to the 
CCi input, and the data clock inputs can be any frequency 
between 64 kHz and 4.096 MHz. The Vref pin allows for use 
of an external shared reference or selection of the internal 
reference. The RxG pin accommodates gain adjustments for 
the inverted analog output. All three pins of the input gain- 
setting operational amplifier are present which provide maxi- 
mum flexibility for the analog interface. 


MC145503 


The MC145503 PCM mono-circuit is intended for standard 
byte interleaved synchronous or asynchronous applications. 
TDC can be one of five discrete frequencies. These are 128 
kHz (40 to 60% duty cycle), 1.536, 1.544, 2.048, or 2.56 MHz. 
(For other data clock frequencies see MC 145502 or MC 145505.) 
The internal reference is set for 3.15 volts peak full scale, and 
the full scale input level at Tx! and output level at RxO is 6.3 
volts peak-to-peak. This is the +3 dBm level of the PCM 
codec/filter. The + Tx and — Tx inputs provide maximum flex- 
ibility for analog interface. All other functions are described 
in the pin description. 


MC145505 


The MC145505 PCM mono-circuit is intended for byte in- 
terleaved synchronous applications. The MC145505 has all the 
features of the MC145503 but internally connects TDC and 
RDC (see pin description) to the DC pin. One of the five 
standard frequencies (listed above) should be applied to CCI. 
The data clock input (DC) can be any frequency between 64 
kHz and 4.096 MHz. 
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PIN DESCRIPTION 


DIGITAL 
Vis—Logic Level Select Input and TTL Digital Ground 


Vis controls the logic levels and digital ground reference 
for all digital inputs and the digital output. These devices can 
operate with logic levels from full supply (Vss to Vpp) or 
with TTL logic levels using Vis as digital ground. For 
ViLS=Vpp, all 1/O is full supply (Vss to Vpp swing) with 
CMOS switch points. For Vggs<VLS<(Vpp—4 volts), all 
inputs and outputs are TTL compatible with Vis being the 
digital ground. The pins controlled by VLsS are inputs MSI, 
CCl, TDE, TDC, RCE, RDC, RDD, PDI, and output TDD. 


MS!I— Master Synchronization Input 


MSI is used for determining the sample rate of the transmit 
side and as a time base for selecting the internal prescale divider 
for the convert clock input (CCI) pin. The MSI pin should be 
tied to an 8 kHz clock which may be a frame sync or system 
sync signal. MSI has no relation to transmit or receive data 
timing, except for determining the internal transmit strobe as 
described under the TDE pin description. MSI should be de- 
rived from the transmit timing in asynchronous applications. 
In many applications MSI can be tied to TDE. (MSI is tied 
internally to TDE in MC145503/05.) 


CCl—Convert Clock Input 


CCI is designed to accept five discrete clock frequencies. 
These are 128 kHz, 1.536 MHz, 1.544 MHz, 2.048 MHz, or 
2.56 MHz. The frequency at this input is compared with MSI 
and prescale divided to produce the internal sequencing clock 
at 128 kHz (or 16 times the sampling rate). The duty cycle of 
CCI is dictated by the minimum pulse width except for 128 
kHz, which is used directly for internal sequencing and must 
have a 40 to 60% duty cycle. In asynchronous applications, 
CCI should be derived from transmit timing. (CCI is tied in- 
ternally to TDC in MC145500/01/03.) 


TDC—Transmit Data Clock Input 


TDC can be any frequency from 64 kHz to 4.096 MHz, and 
is often tied to CCI if the data rate is equal to one of the five 
discrete frequencies. This clock is the shift clock for the trans- 
mit shift register and its rising edges produce successive data 
bits at TDD. TDE should be derived from this clock. (TDC and 
RDC are tied together internally in the Mee and are called 
DC.) 


TDE—Transmit Data Enable Input 


TDE serves three major functions. The first TDE rising edge 
following an MSI rising edge generates the internal transmit 
strobe which initiates an A/D conversion. The internal transmit 
strobe also transfers a new PCM data word into the transmit 
shift register (sign bit first) ready to be output at TDD. The 
TDE pin is the high impedance control for the transmit digital 
data (TDD) output. As long as this pin is high, the TDD output 


stays low impedance. This pin also enables the output shift. 


register for clocking out the 8-bit serial PCM word. The logical 
AND of the TDE pin with the TDC pin clocks out a new data 
bit at TDD. TDE should be held high for eight consecutive 
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TDC cycles to clock out a complete PCM word for byte in- 
terleaved applications. The transmit shift register feeds back 
on itself to allow multiple reads of the transmit data. If the 
PCM word is clocked out once per frame in a byte interleaved 
system, the MSI pin function is transparent and may be con- 
nected to TDE. 

The TDE pin may be cycled during a PCM word for bit 
interleaved applications. TDE controls both the high imped- 
ance state of the TDD output and the internal shift clock. TDE 
must fall before TDC rises (tgyg) to ensure integrity of the next 
data bit. There must be at least two TDC falling edges between 
the last TDE rising edge of one frame and the first TDE rising 
edge of the next frame. MSI must be available separate from 
TDE for bit interleaved applications. 


TDD—Transmit Digital Data Output 


The output levels at this pin are controlled by the VLS pin. 
For V_s connected to Vpp, the output levels are from Vss 
to Vpp. For a voltage of V_s between Vpp — 4 V and Vss, 
the output levels are TTL compatible with Vis being the digital 
ground supply. The TDD pin is three-state output controlled 
by the TDE pin. The timing of this pin is controlled by TDC 
and TDE. When in TTL mode, this output may be made high- 
speed CMOS compatible using a pullup resistor. The data 
format (Mu-Law, A-Law, or sign magnitude) is controlled by 
the Mu/A pin. 


RDC— Receive Data Clock Input 


RDC can be any frequency from 64 kHz to 4.096 MHz. This 
pin is often tied to the TDC pin for applications that can use 
a common clock for both transmit and receive data transfers. 
The receive shift register is controlled by the receive clock 
enable (RCE) pin to clock data into the receive digital data 
(RDD) pin on falling RDC edges. These three signals can be 
asynchronous with all other digital pins. The RDC input is 
internally tied to the TDC input on the MC145505 and called 
DC. 


RCE— Receive Clock Enabie Input 


The rising edge of RCE should identify the sign bit of a 
receive PCM word on RDD. The next falling edge of RDC, 
after a rising RCE, loads the first bit of the PCM word into the 
receive register. The next seven falling edges enter the re- 
mainder of the PCM word. On the ninth rising edge, the receive 
PCM word is transferred to the receive buffer register and the 
A/D sequence is interrupted to commence the decode pro- 
cess. In asynchronous applications with an 8 kHz transmit 
sample rate, the receive sample rate should be between 7.5 
and 8.5 kHz. Two receive PCM words may be decoded and 
analog summed each transmit frame to allow on chip confer- 
encing. The two PCM words should be clocked in as two 
single PCM words, a minimum of 31.25 us apart, with a receive 
data clock of 512 kHz or faster. 


RDD—Receive Digital Data Input 


RDD is the receive digital data input. The timing for this pin 
is controlled by RDC and RCE. The data comet) is determined 
by the Mu/A pin. 
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Mu/A Select 


This pin selects the companding law and the data format 
at TDD and RDD. 

Mu/A=Vpp; Mu255 Companding D3 Data Format with 

Zero Code Suppress 

Mu/A=Vac; Mu255 Companding with Sign Magnitude 

Data Format 


Mu/A=Vss; A-law Companding with CCITT Data Format 
Bit Inversions 


SIGN 
MAGNITUDE 

+ FULL SCALE 1141 «1111 1000 0000 1010 1010 
+ ZERO 1000 0000 — 1117 (1111 1101 0101 
— ZERO 0000 0000 0111 1111 0101 0101 
— FULL SCALE 0111 1111 0000 0010 0010 1010 

SIGN 

are CHORD BITS STEP BITS 

7 cataaamatiaa a eae 


HER EAERERERE RES 


NOTE: Starting from sign magnitude, to change format: 

To Mu-Law— 
MSB is unchanged (sign) 
Invert remaining seven bits 
If code is 0000 0000, change to 0000 0010 (for zero 

code suppression) 

To A-Law— 
MSB is unchanged (sign) 
Invert odd numbered bits 
Ignore zero code suppression 


PDI—Power Down Input 


The power down input disables the bias circuitry and gates 
off all clock inputs. This puts the Vac, Txl, RxO, RxO, and 
TDD outputs into a high impedance state. The power dissi- 
pation is reduced to 0.1 mW when PDI is a low logic level. 


The circuit operates normally with PDI=Vpp or with a logic | 


high as defined by connection at V_s. TDD will not come out 
of high impedance for two MSI cycles after PDI goes high. 


DC— Data Clock Input 


DC—in the MC145505, TDC and RDC are internally con- 
nected to this pin. 


ANALOG 
VAG—Analog Ground Input/Output Pin 


VAG is the analog ground power supply input/output. All 
analog signals into and out of the device use this as their 
ground reference. Each version of the MC145500 PCM codec/ 
filter family can provide its own analog ground supply inter- 
nally. The dc voltage of this internal supply is 6% positive of 
the midway between Vpp and Vss. This supply can sink 
more than 8 mA but has a current source limited to 400 pA. 
The output of this supply is internally connected to the analog 
ground input of the part. The node where this supply and the 
analog ground are connected is brought out to the VAG pin. 
In symmetric dual supply systems (+5, +6, etc.), VAG may 
be externally tied to the system analog ground supply. When 
RxO or RxO drive low impedance loads tied to VAG, a pullup 
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resistor to Vpp will be required to boost the source current 
capability if VAG is not tied to the supply ground. All analog 
signals for the part are referenced to VAG, including noise, 
therefore, decoupling capacitors (0.1 »F) should be used from 


Vpp to VAG and Vssg to VAG. 


Vref—Positive Voltage Reference Input (MC145502 Only) 


The Vref pin allows an external reference voltage to be used 
for the A/D and D/A conversions. If Vref is tied to Vss, the 
internal reference is selected. If Vref >VAG, then the external 
mode is selected and the voltage applied to Vref is used for 
generating the internal converter reference voltage. In either 
internal or external reference mode, the actual voltage used 
for conversion is multiplied by the ratio selected by the RSI 
pin. The RSI pin circuitry is explained under its pin description 
below. Both the internal and external references are inverted 
within the PCM codec/filter for negative input voltages such 
that only one reference is required. 


External Mode—In the external reference mode 
(Vref >VAG), a 2.5 volt reference like the MC1403 may be 
connected from Vref to VAG. A single external reference may 
be shared by tying together a number of Vref pins and VAG 
pins from different codec/filters. In special applications, the 
external reference voltage may be between 0.5 and 5 volts. 
However, the reference voltage gain selection circuitry asso- 
ciated with RSI must be considered to arrive at the desired 
codec/filter gain. 


Internal Mode—In the internal reference mode (Vref =Vss), 
an internal 2.5 volt reference supplies the reference voltage 
for the RSI circuitry. The Vref pin is functionally connected 
to Vss for the MC145500, MC145501, MC145503, and 
MC145505 pinouts. 


RSI— Reference Select Input (MC145501/02 Only) 


The RSI input allows the selection of three different overload 
or full scale A/D and D/A converter reference voltages in- 
dependent of the internal or external reference mode. The RSI 
pin is a digital input. that senses three different logic states; 
Vss. VAG, and Vpp. For RS!=VaG, the reference voltage 
is used directly for the converters. The internal reference is 
2.5 volts. For RSI=Vss, the reference voltage is multiplied 
by the ratio of 1.26, which results in an internal converter 
reference of 3.15 volts. For RSI=Vpp, the reference voltage 
is multiplied by 1.51, which results in an internal converter 
reference of 3.78 volts. The device requires a minimum of 1.0 
volt of headroom between the internal converter reference to 
Vpp. Vss has this same absolute valued minimum, also mea- 
sured from VAG pin. The various modes of operation are 
summarized in the table below. The RSI pin is functionally 
connected to Vss for the MC145500, MC145503, and 
MC145505 pinouts. 


RxO, RxO— Receive Analog Outputs 


These two complimentary outputs are generated from the 
output of the receive filter. They are equal in magnitude and 
out of phase. The maximum signal output of each is equal to 
the maximum peak-to-peak signal described with the refer- 
ence. If a 3.15 volt reference is used with RSI tied to VAG 
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and a +3 dBm0 sine wave is decoded, the RxO output will 
be a 6.3 volt peak-to-peak signal. RxO will also have an inverted 
signal output of 6.3 volt peak-to-peak. External loads may be 
connected from RxO to RxO for a 6 dB push-pull signal gain 
or from either RxO or RxO to Vac. With a 3.15 volt reference 
each output will drive 600 0 to +9 dBm. With RSI tied to 
Vpp, each output will drive 900 2 to +9 dBm. 


RxG — Receive Output Gain Adjust (MC145502 Only) 


The purpose of the RxG pin is to allow external receive. gain 
adjustment for the RxO pin. If RxG is left open, then the output 
signal at RxO will be inverted and output at RxO. Thus the 
push-pull gain to a load from RxO to RxO is two times the 
output level at RxO. If external resistors are applied from RxO 
to RxG (RI) and from RxG to RxO (RG), the gain of RxO can 
be set differently from inverting unity. These resistors should 
be in the range of 10 k2.. The RxO output level is unchanged 
by the resistors and the RxO gain is approximately equal to 
minus RG/RI. The actual gain is determined by taking into 
account the internal resistors which will be in parallel to these 
external resistors. The internal resistors have a large tolerance, 
but they match each other very closely. This matching tends 
to minimize the affects of their tolerance on external gain 
configurations. The circuit for RxG and RxO is shown in the 
block diagram. 


Txi— Transmit Analog Input 

Txl is the input to the transmit filter. It is also the output of 
the transmit gain amplifiers of the MC145501/02/03/05. The 
input impedance is greater than 100 k to VAG in the MC 145500. 
The Txl input has an internal gain of 1.0, such that a +3 dBm0 
signal at Tx! corresponds to the peak converter reference volt- 
age as described in the V;ef¢ and RSI pin descriptions. For 3.15 
volt reference, the +3 dBm0 input should be 6.3 volts peak- 
to-peak. 


+ Tx-Positive Tx Amplifier Input (IMC145502/03/05 Only) 
— Tx-Negative Tx Amplifier Input (MC145501/02/03/05 
Only) 


The Tx! pin is the input to the transmit band-pass filter. If 
+Tx or —Tx are available, then there is an internal amplifier 


VAG 
Rx 


Tx 
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preceding the filter whose pins are + Tx, — Tx, and Txl. These 
pins allow access to the amplifier terminals to tailor the input 
gain with external resistors. The resistors should be in the: 
range of 10 kQ. If + Tx is not available, it is internally tied to 
VaG. If —Tx and +Tx are not available, the Tx| is a unity 
gain high impedance input. 


Power Supplies 
Vpp— Most Positive Supply Vpp is typically 5 to 12 volts. 


Vss— Most Negative Supply. Vss¢ is typically 10 to 12 volts 
negative of Vpp. 

For a +5 volt dual-supply system, the typical power supply 
configuration is Vpp = +5 V, Vss= —5V, VLs=0 V (digital 
ground accommodating TTL logic levels), and VAG =0 V being 
tied to system analog ground. 

For single-supply applications, typical power supply config- 
urations include: 

Vpp=10 V to 12 V 

Vss=0V 

VAG generates a mid supply voltage for referencing all an- 

alog signals. . | 

Vis controls the logic levels. This pin should be connected 

to Vpp for CMOS logic levels from Vss to Vpp. This pin 

should be connected to digital ground for true TTL logic 
levels referenced to VLs. 


Testing Considerations (MC145500/01/02 Only) 


An analog test mode is activated by connecting MSI and 
CCl to 128 kHz. In this mode, the input of the A/D (the output 
of the Tx filter) is available at the PDI pin. This input is direct 
coupled to the A/D side of the codec. The A/D is a differential 
design, this results in the gain of this input being effectively 
attenuated by half. If monitored with a high-impedance buffer, 
the output of the Tx low-pass filter can also be measured at 
the PDI pin. This test mode allows independent evaluation of 
the transmit low-pass filter and A/D side of the codec. The 
transmit and receive channels of these devices are tested with 
the codec/filter fully functional. 


-*To define RDD 
when TDD is high Z. 


Figure 1. Test Circuit 
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Table 1. Options Available by Pin Selection 


RSI* Vref* 
Peak-to-Peak Overload Voltage (Txi, RxO) 


7.56 Vpp 
VAG+ VEXT (3.02 x VexT) Vpp 


Vss 5 Vpp 
VAG + VEXT (2x VexT) Vep 
Vss 6.3 Vpp 
VAG+ VEXT (2.52 x VexT)Vpp 


*On MC145500/03/05, RSI and Vref internally to Vgs. On MC145501, Vye¢ tied internally to Vss. 


Table 2. Summary of Operation Conditions User Programmed Through Pins Vpp. Vac. and Vss 


RSI 
Mu/A Peak Overload 
Voltage 

Vpp Mu-Law Companding Curve and D3/D4 

Digital Formats with Zero Code Suppress 
VAG ‘Mu-Law Companding Curve and Sign TTL Levels 

Magnitude Data Format Vac Up 
Vss A-Law Companding Curve and TTL Levels 

CCITT Digital Format Vss Up 


*Data output during this time will vary depending on TDC rate and TDE timing. 


Figure 2. Transmit Timing Diagram 
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Figure 3. Receive Timing Diagram 
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Figure 4. MSI/CCI Timing Diagram 
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Vpp= +5 V Vop=+5V 
Vgg= —5 V Vsg= —5 V 
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Figure 9. MC145502 Gain vs Level A-Law Transmit — Figure 10. MC145502 Gain vs Level A-Law Receive 
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QUANTIZATION DISTORTION (dB) 


TYPICAL 
PERFORMANCE GUARANTEED 


PERFORMANCE 


PSOPHOMETRIC 


WEIGHTED 
Vpp= +5 V 
Vsgs= —5V 
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INPUT LEVEL PSEUDO NOISE (dBm0) 


Figure 11. MC145502 
Quantization Distortion A-Law Transmit 
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Figure 13. MC145502 Power Supply 
Rejection Ratio Positive Transmit 
VAC = 250 mVrms, C-Message Weighted 
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Figure 15. MC145502 Power Supply | 
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VAC =250 mVrms, C-Message Weighted 
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Figure 12. MC145502 
Quantization Distortion A-Law Receive 
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Figure 14. MC145502 Power Supply 
Rejection Ratio Negative Transmit 
VAC = 250 mVrms, C-Message Weighted 
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Figure 16. MC145502 Power Supply 
Rejection Ratio Negative Receive 
VAC =250 mVrms, C-Message Weighted 
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Figure 19. MC145502 | Figure 20. MC145502 
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Figure 21. MC145502 
Low-Pass Filter Response Receive 
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2.048 MHz 


2.048 MHz 
(TDC, RDC, CCI) 


8 kHz 
[ (TE, RCE. MSI) 
255 256 1 2 3 4 5 6 7, 8 9 10 


oom TTT TLE LE LILI LIL LIU] 
8 kHz | | | 


Figure 22. Simple Clock Circuit for Driving MC145500/01/02/03/05 Codec/Filters 
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RO 


MC 145503 
(a) SIMPLIFIED TRANSFORMER HYBRID USING MC 145503 


RO 


RO=R3UR4N(R2 +R1)=R3UR4 
RONR4HIR2+R1] _ ROUR4 


Nout “AS+RONRANIR2+ AT] ~ AS-+ROURA 
—R1 
ie 
Vin R2 MC145503 


NOTE: Hybrid Balance by R5 and R6 to equate the RxO signal gain at Tx! through the inverting and non-inverting signal paths. 


(b) UNIVERSAL TRANSFORMER HYBRID USING MC145503 


Figure 23. Hybrid Interfaces to the MC145503 PCM Codec/Filter Mono-Circuit 
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RO = 600 RO = 900 
O 


RO 


NOTE: Balance by R5 and R6 to equate the Tx! gains through the inverting 
and non-inverting input signal paths, respectively, is given by: 


zrval!-na) (Ra) RETR” ele) 
xR R4 R2/|R5+R6 R4\R5+R6 
Tx Gain = R1/R2 MC 145502 
Rx Gain = 1+ R3/R4 
R5, R6=10 k 
Adjust Rx Gain with R3 
Adjust Tx Gain with R1 


(a) UNIVERSAL TRANSFORMER HYBRID USING MC145502 


(b) SINGLE-ENDED HYBRID USING MC145502 MC 145502 


Figure 24. Hybrid Interfaces to the MC145502 PCM Codec/Filter Mono-Circuit 
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Figure 25. A Complete Single Party Channel Unit Using MC3419 SLIC and MC145503 PCM Mono-Circuit 
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Refer to AN968 for more information. 


Figure 26. Digital Telephone Schematic 
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Table 3. Mu-Law Encode-Decode Characteristics 


Normalized Digital Code 
Number Encode 
of Steps i Decision 
Levels 


Normalized 
Decode 
Levels 


NOTES: oe 
1. Characteristics are symmetrical about analog zero with sign bit =0 for negative analog values. 
2. Digital code includes inversion of all magnitude bits. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-610 


MC145500, MC145501, MC145502, MC 145503, MC145505 


Table 4. A-Law Encode-Decode Characteristics 


Normalized Digital Code Normalized 
Chord Number | Step Encode 
7 
tae eons | giles eae a ae ee Decode 
Chord Levels 
Levels 
ae ees eee 
1 0 1 0 1 
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NOTES: 
1. Characteristics are symmetrical about analog zero with sign bit=0 for negative analog values. 
2. Digital code includes alternate bit inversion, as specified by CCITT. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-611 


MOTOROLA 


a SEMICONDUCTOR 
TECHNICAL DATA 


Product Preview | 
ADPCM Transcoder 


Conforms to G.721 and T1.301-1987 —_ | 
ff, 
| Q 
The MC145532 Adaptive Differential Pulse Code Modulation (ADPCM) Transcoder pro- ih, 
from (to) either a 16 kbps, 24 kbps, 32 kbps, or 64 kbps channel. eed 


vides a low-cost, full-duplex, single-channel transcoder to (from) a 64 kbps PCM channel 


L SUFFIX 
Complies with CCITT Recommendation G.721 (Geneva 1986) CERAMIC 


Complies with the American National Standard (T1.301-1987) | CASE 620 

Full-Duplex, Single-Channel Operation | 

p-Law or A-Law Coding is Pin Selectable 

Synchronous or Asynchronous Operation 

Easily Interfaces with Any Member of Motorola’s PCM Codec/Filter Mono-Circuit 
Family or Other Industry Standard Codec PIN ASSIGNMENT 

Serial PCM and ADPCM Data Transfer Rate from 64 kbps to 5.12 Mbps 

Power Down Capability for Low Current Consumption 

The Reset State, an Option Specified in the Standards, is Automatically Initiated 
When the RESET Pin is Released 

Simple Time Slot Assignment Timing for Transcoder Applications 

Single 5-Volt Power Supply 

16-Pin Package 
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This document contains information on a product under development. Motorola reserves the right to change or discontinue this product without notice. 
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DEVICE DESCRIPTION 


An Adaptive Differential PCM (ADPCM) transcoder is used 
to reduce the data rate required to transmit a PCM encoded 
voice signal while maintaining the voice fidelity and intelligi- 
bility of the PCM signal. 

The transcoder is used on 64 kbps data streams which rep- 
resent either voice or voice band data signals that have been 
digitized by a codec (e.g., MC145557). The transcoder uses a 
filter to attempt to predict the next PCM input value based on 
previous PCM input values. The error between the predicted 
and the true PCM input value is the information that is sent 
to the other end of the line. Hence the word differential, since 
the ADPCM data stream is the difference between the true 
PCM input value and the predicted value. The term ‘‘adaptive”’ 
applies to the filter that is performing the prediction. It is 
adaptive in that its transfer function changes based on the 
PCM input data. That is, it adapts to the statistics of the signals 
presented to it. 


PIN DESCRIPTION 


ENCODER INPUT 
EDI—Encoder Data Input (Pin 12) 


PCM data to be encoded are applied to this input pin which 
operates synchronously with EDC and EIE to enter the data 
in a serial format. 


EDC— Encoder Data Clock (Pin 13) 


Data applied to EDI are latched into the transcoder on a 
falling edge of EDC and data are output from EDO on a rising 
edge of this input pin. The frequency of EDC may be as low 
as 64 kHz or as high as 5.12 MHz. 


EIE—Encoder Input Enable (Pin 11) 


The beginning of a new PCM word is indicated to the trans- 
coder by a rising edge applied to this input. The frequency of 
EIE may not exceed 8 kHz. 


ENCODER OUTPUT 
EDO—Encoder Data Output (Pin 15) 


ADPCM data are available in a serial format from this output 
which operates synchronously with EDC and EOE. EDO is a 
three-state output which remains in a high impedance state, 
except when presenting data. 


EOE—Encoder Output Enable (Pin 14) 


Each ADPCM word is requested by a rising edge on this 
input which causes the EDO pin to provide the data when 
clocked by EDC. One EOE must occur for each EIE. 


DECODER INPUT 
DDI— Decoder Data Input (Pin 5) 


ADPCM data to be decoded are applied to this input pin 
which operates in conjunction with DDC and DIE to enter the 
data in a serial format. 


DDC— Decoder Data Clock (Pin 4) 
Data applied to DDI are latched into the transcoder on the 
falling edge of DDC and data are output from DDO on the 


rising edge of DDC. The frequency of DDC may be as low as 
64 kHz or as high as 5.12 MHz. 


DIE—Decoder Input Enable (Pin 6) 


The beginning of a new ADPCM word is indicated by a 
rising edge applied to this input. Data are serially clocked into 
DDI on the subsequent falling edges of DDC following the DIE 
rising edge. The frequency of DIE may not exceed 8 kHz. 


DECODER OUTPUT | 
DDO—Decoder Data Output (Pin 2) 


PCM data are available in a serial format from this output 
which operates in conjunction with DDC and DOE. DDO is a 
three-state output which remains at a high impedance state 
except when presenting data. 


DOE— Decoder Output Enable (Pin 3) 


Each ADPCM word is requested by a rising edge on this 
input which causes the EDO pin to provide the data when 
clocked by EDC. One DOE must occur for each DIE. 


CONTEXT 
MODE— Mode Select (Pin 1) 


A logic “zero” applied to this input makes the transcoder 
compatible with »-255 companding and D3 data format. A 
logic ‘‘one”’ applied to this pin makes the transcoder com- 
patible with A-law companding with even bit inversion data 
format. 


SPC—Signal Processor Clock (Pin 10) 


This input requires a 20.48 MHz clock signal which is used 
as the digital signal processor master clock. This pin has a 
CMOS compatible input. 


RESET (Pin 7) 


A logic “‘zero”’ applied to this input forces the transcoder 
into a low power dissipation mode. A rising edge on this pin 
causes power to be restored and the optional transcoder 
RESET state (specified in the standards) to be forced. Valid 
data is available at the output pins four input enables after a 
rising edge on this pin. This pin has a CMOS compatible input. 


APD— Absolute Power Down (Pin 9) 


A logic “one” applied to this input forces the transcoder 
into a power saving mode. This pin has a CMOS compatible 
input. 


POWER SUPPLY 
Vpp—Positive Power Supply (Pin 16) 
The most positive power supply pin, normally 5 volts. 


Vss—Negative Power Supply (Pin 8) 
The most negative power supply pin, normally 0 volts. 
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FUNCTIONAL DESCRIPTION 


ENCODING/DECODING RATES 


The MC145532 allows for the encoding and decoding of 
data at one of four rates on a sample by sample basis. Each 
data sample which is provided to the part is accompanied by 
an indication of the rate at which it is to be encoded or decoded. 
The width of the enable pulse determines the encoding/de- 
coding rate chosen for each sample. 

The 64 kbps rate allows for PCM data to be passed directly 
through the part. The 32 kbps rate is either the G.721 or the 
T1.301-1987 standard depending on the state of the mode pin. 
The 24 kbps encoding rate is a T1 draft standard (T1Y1/87- 
040). The 16 kbps rate is a modified quantizer from the 32 kbps 
technique and is not a standard. 


TIMING 


Figures 1 through 8 show the timing of the input and output 
pins. The MC145532 determines the mode of the timing sig- 
nals, either short or long frame, for each enable, independent 
of the mode of any previous enables. A transition from short 
frame to long frame mode or vice versa will cause at least one 
frame of data to be destroyed. Each of the four sets of I/O 
pins determines its mode independent of the other sets. Thus 
the encoder input could be operating with long frame timing 
and the encoder output could be operating with short frame 
timing. Note that the short frame timing on the input enables 
can only be used with the 32 kbps transcoding rate. The num- 
ber of data clock falling edges enclosed by the input enable 
line (EIE or DIE) determines both the short frame or long frame 
mode and the transcoding rate. The mode of the input or 
output is determined each frame. In all modes, the data is 
captured by the MC145532 on the falling edge of either EDC 
or DDC. 


ENCODER INPUT—SHORT FRAME 


Figure 1 shows the timing of the encoder data clock (EDC), 
the encoder input enable (EIE), and the encoder data input 
(EDI) pins in short frame operation. 

The determination of short frame mode is made by the 
MC145532 based on observing one falling EDC edge while EIE 
is high. Note that only a 32 kbps encoding rate can be specified 
when using short frame mode on the encoder input. 


ENCODER INPUT—LONG FRAME 


Figure 2 shows the clock, enable, and data signals for the 
encoder input in long frame mode. In this mode the data is 
captured by the MC145532 on the falling edge of EDC. 

The determination of the encoding rate is made based on 
the number of falling EDC edges seen by the MC145532 while 
EIE is high. Four edges implies a 32 kbps encoding rate, three 
edges implies a 24 kbps encoding rate, two edges implies a 
16 kbps rate, and from five to eight inclusive imply a 64 kbps 
rate. The encoding rate may be changed on a frame by frame 
basis. The encoded word is available at EDO (via EOE and 
EDC) from 250 us to 375 us after it is requested. 


ENCODER OUTPUT— SHORT FRAME 


Figure 3 shows the timing of the encoder output in short 
frame mode. The length of the LSB is always one half of an 
EDC cycle. 


The EDO will provide the correct:number of bits for the 
encoding rate which was selected for this frame of data on 
the encoder input pins. The data is loaded into the MC145532 
during one frame, encoded on the next frame, and read during 
the next frame. 


ENCODER OUTPUT—LONG FRAME 


Figure 4 shows the timing of the encoder output in long 
frame mode. The enable must be wider than two falling edges 
of the EDC to be in long frame mode. If the enable falls before 
the correct number of bits have been presented to the output 
(EDO), the transcoder will complete the presentation of the 
bits to the output with the LSB being one half of an EDC 
period wide. If the enable falls after the one half EDC period 
of the LSB, then the LSB will be extended up to the full EDC 
clock period and the subsequent data will be a recirculation 
of the previous data which repeats until the enable pin falls. 


-This is shown on the second enable for the 16 kbps encoding 
rate example in Figure 4. 


DECODER INPUT—SHORT FRAME 


Figure 5 shows the timing of the decoder data clock, the 
decoder input enable, and the decoder data input pins in short 
frame operation. Note that in this mode only a 32 kbps de- 
coding rate can be selected. 


DECODER INPUT—LONG FRAME . 


Figure 6 shows the clock, enable, and data signals for the 
decoder input in long frame mode. 

The determination of the decoding rate is made based on 
the number of falling DDC edges seen by the MC 145532 while 
DIE is high. Four edges implies a 32 kbps decoding rate, three 
edges implies a 24 kbps decoding rate, two edges implies a 
16 kbps rate, and from five to eight edges inclusive imply a 
64 kbps rate. The decoding rate may be changed on a frame 


by frame basis. 


DECODER OUTPUT—SHORT FRAME 


Figure 7 shows the timing of the decoder output in short 
frame mode. 

The DDO will provide the correct number of bits for the 
decoding rate which was selected for this frame of data on 
the decoder input pins. The data is loaded into the MC145532 
during one frame, decoded on the next frame, and read during 
the next frame. 


DECODER OUTPUT—LONG FRAME 


Figure 8 shows the timing of the decoder output in long 
frame mode. Note that at least eight bits are presented to the 
output provided that at least two falling edges of DDC are 
seen while DOE is high. The enable can be used to extend the 
LSB to a full DDC period and/or cause the eight bits of data 
to be recirculated to the output pin until the enable falls. 


STANDARDS INFORMATION 
The following standards apply to the MC 145532: 
T1.301-1987—32 kbps APDCM 
T1.303-1988—24 and 40 kbps ADPCM. 


For copies, contact the Exchange Carriers Standards As- 
sociation, 5430 Grosvenor Lane, Bethesda, MD 20814-2122, 
phone (301) 564-4505. 
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ABSOLUTE MAXIMUM RATINGS (Voltages Referenced to Vss) 


This device contains circuitry to protect against 
damage due to high static voltages or electric 
fields, however, it is advised that normal precau- 

; tions be taken to avoid application of any voltage 
higher than maximum rated voltages to this high 
impedance circuit. For proper operation it is rec- 
ommended that Vip and Voyt be constrained to 


the range Vss <(Vjn or Vout) = Vpp.- 
Unused inputs must always be tied to an ap- 


RECOMMENDED OPERATING CONDITIONS (T, = — 40 to +85°C) 


Parameter 
DC Supply Voltage 


a 


DIGITAL CHARACTERISTICS (Vpp =5.0 V, Ta = —40 to +85°C) 


TS RarameterS~*d;CS yb [in| Max | Uni 
[High Level Input Voltage Mode, DDO, DOE, DDG, DDI, DIE, EE, EDI, EDC EOE EDO | vw | 20 | - | v_ 
Low Level input Voltage Mode, DDO, DOE, DDC, DDI, DIE, EIE, EDI, EDC, EOE EDO | vi | - | 08 |v 
righ Level Input Vottage——SSSSSSCSCSC*~*S*~SC«RESETS“ APD, SPC] Vi | OF VD | | V 
[Low Level input Votlage——=~S~*~“~“~*~*~“~*~*~*~*~*~*~«SRESETAPD, SPC | | + OVD | 
input Curent SSS tin 


SWITCHING CHARACTERISTICS (Vpp =5.0 V, Ta = —40 to +85°C) 


a 


[se Frequency —SSCSC~—~—CSCSSS ae | 
[sec Duy Cie ——SSC~—“‘“~*S*~“‘*‘~S*S*S*S*S*SCS‘“‘“~*S*S*C*‘“‘“~SSSCSC“‘CSNSC*S Ss SP sO 
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ENCODER INPUT—SHORT FRAME (Vpp =5.0 V, Ta = — 40 to .+ 85°C) 


Parameter 


Enable Low Setup Time | tsu(EIE)L 
‘Enable Low Hold Time. | | th(EIE)H 


Enable Valid Time — 
Enable Hold Time 
Data Valid Time — 


EOC 1 2 3 A 5 6 7 8 


Figure 1. Encoder Input Timing— Short Frame 
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ENCODER INPUT—LONG FRAME (Vpp =5.0 V, Ta = — 40 to +85°C) 


| Parameter 


Data Hold Time 


EDC 1 2 3 4 5 6 7 8 


EIE 32 kbps | | | | | | | 


EIE 16 kbps | | | | 7 | 
EIE 64 kbps | | LL LLL 


EDI 


EDC. 


<—__—§ th(EIE)L tv(EIE) 


EIE 
th(EDI) 
tv(EDI) 


Figure 2. Encoder Input Timing—Long Frame 
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ENCODER OUTPUT—SHORT FRAME (Vpp =5.0 V, Ta = —40 to +85°C) 


| Parameter . | Symbol 
Enable Valid Time 
Enable Hold Time J | th(EOE) | 
Data Valid Time . . 
Data Three-State Time (with 150 pF Load) | t(EDO) _| 


*32 kbps transcoding rate selected for this frame at EIE @64 kbps transcoding rate selected for this frame at EIE 


EDC 
th{EOE}L—— tv(EOE) thiEOE) aaa 
EOE 
tv(EDO) 
EDO ‘ MSB 


Figure 3. Encoder Output Timing—Short Frame 
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ENCODER OUTPUT—LONG FRAME (Vpp =5.0 V, Ta = — 40 to +85°C) 


Parameter 


Symbol 
Enable Low Hold Time th(EOE)L 


| Min | Max | Unit | 
a ee 
| Enable Valid Time toe Pts 
an a a 
a ae ee 


Enable to Data Time (Whichever Edge Occurs Last) | tEOE-EDO | 
Clock to Data Time (Whichever Edge Occurs Last) tEDC-EDO 


EDC 1 2 3 4 5 6 7 8 


EOE | | | * | 


32 kbps 


an ——{wso XX _X9) OX XK 
EOE | | | N 


24 kbps 


am ——{ussX XX) eX KX 


16 kbps 


oe a) wseX XwseX XwsXy 


“@ —{@ XX XXX XH KOXK NK YY 


*EDO Driver is controlled by EOE 
#EDO completes the presentation of data 
@Data recirculates 


EDC 


th(EQE)L tv(EOE) 


EOE ann tEOE-EDO 
tEDC-EDO = 
° =o 


Figure 4. Encoder Output Timing—Long Frame 
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DECODER INPUT—SHORT FRAME (Vpp =5.0 V, Ta = —40 to +85°C) 


en“ a ETO 
eel 


| Min | Max | Unit | 

Eeabie Low Setup Tine to Faling DDG a Sa 
Enable Low Hol Te fom Fain DDG 
Enable Valid Time to FallingDDC | type | 15 | — | ns | 
ae ae ae 

ae ee 

ae ae aoe 


Enable Hold Time from Falling DDC . - th(DIE) 
Data Valid Time Before Falling DDC tv(DDI) 


Data Hold Time from Falling DDC 


DIE | | 7 | | _ : 
‘ eX XX eX XX 


DDC 
thiDIE}L ty(DIE) : th(DIE) | tsu(DIE)L 


DIE 


Figure 5. Decoder Input Timing—Short Frame 
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DECODER INPUT—LONG FRAME (Vpp=5.0 V, Ta = —40 to +85°C) 


[éhable Hold Time fom Faling DDE St 
[Enable Valid Tne to Faling DDC ey | 
[Data Vaid Time to Faling DDC SSS) 
[Data Hold Tine from Faling DDE SSS 


“§ EXO) 8X OO 
= XO =X X)>— 


DDC 


DIE 


DDI 


Figure 6. Decoder Input Timing—Long Frame 
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Parameter Symbol 
a th(DOE)L 
Enable Valid Time tv(DOE) 


Enable Hold Time . th(DOE) 
Rising Edge of DDC to Valid DDO | 
Delay Time from 8th DDC Low to DDO Output Disabled 


DECODER OUTPUT—SHORT FRAME (Vpp=5.0 V, Ta= —40 to +85°C) a po 


DDC 
th(DOE)L ty(DOE) th(DOE) eae 
t2(DD0) 
DOE 
ty(DD0) 
pDOo ; MSB 


Figure 7. Decoder Output Timing— Short Frame 
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DECODER OUTPUT— LONG FRAME (Vpp =5.0 V, Ta = — 40 to +85°C) 


Figure 8. Decoder Output Timing—Long Frame 
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MC145532 
PCM Y BUS OUT ——. ADPCM Z BUS OUT 
| TS 1 TS 1 
ADPCM Z BUS IN PCM Y BUS IN 
TS 3 TS 3 
1.544 MHz 
PCM X BUS OUT 
TS 3 TS 2 
PCM X BUS IN 
TS 4 TS1 
POWER DOWN 20.48 MHz 


( 
a 
PCM BUS OUT ODDO y (1X23 Ka Xs Xo X 7) 
DDO x 0.00.0 CO. > 
PCM BUS IN EDI y (1K 2 Ks Kas Ko K 7 Xe) 
on —XX KKK KN 


ADPCM BUS OUT EDO zy & > & ¢) 
a KKM 


ADPCM BUS IN DDI zy > ee €> ¢ | 
DDI 2x ay (2) <> > 


Figure 9. ADPCM Transcoder Application 
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MC145503 ADPCM IN MC145532 
ANALOG OUT ADPCM OUT 
ANALOG IN TSm 
1.544 MHz 
+5V 
20.48 MHz 
POWER DOWN 
1.544 MHz = ROC = DDC 
1 2 3 4 5 6 7 8 


= TDC =EDC 


TSm1 = RCE = TDE | | 
om ——{7 X= X= X= X= Ke XX) 
TSm = EIE = EOE | | 
= DIE = DOE 
wruwr- {7X7 X= _X9) 
wm ———{~7 X= X= X= XX KY 


ean X= X= XD 


Figure 10. ADPCM Transcoder/Codec Application 
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MC145557 
-5V- 
ANALOG IN 
ANALOG OUT 
+5V Tx TIME SLOT 
B kHz 
an ADPCM OUT 
ci (ana 
POWER DOWN 20.48 MHz 
2.048 MHz = MCLKp = BCLKp = DDC 
| 1 2 3 4 5 6 7 8 


= MCLKy = BCLKy = EDC 


8 kHz=DOE=DIE=FsR 
= EOE = EIE = Fsx 


om XXX KEKE KY 
wr OXF KX YO 


m-e—{1 X= X2 XX XEKAXD 
wan {4 X*@ X2 XO 


Figure 11. ADPCM Transcoder/Codec Application (A-Law) 
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Advance Information 
PCM Codec-Filter 


The MC145554, MC145557, MC 145564, and MC 145567 are all per channel PCM 
codec-filters. These devices perform the voice digitization and reconstruction as well 
as the band limiting and smoothing required for PCM systems. They are designed to 
operate in both synchronous and asynchronous applications and contain an on-chip 
precision voltage reference. The MC145554 (Mu-Law) and MC145557 (A-Law) are 
general purpose devices that are offered in 16-pin packages. The MC145564 
(Mu-Law) and MC145567 (A-Law), offered in 20-pin packages, add the capability of 
analog loop-back and push-pull power amplifiers with adjustable gain. 

These devices have an input operational amplifier whose output is the input to the 
encoder section. The encoder section immediately low-pass filters the analog signal 
with an active R-C filter to eliminate very-high-frequency noise from being modu- 
lated down to the pass band by the switched capacitor filter. From the active R-C 
filter, the analog signal is converted to a differential signal. From this point, all ana- 
log signal processing is done differentially. This allows processing of an analog sig- 
nal that is twice the amplitude allowed by a single-ended design, which reduces the 
significance of noise to both the inverted and noninverted signal paths. Another 
advantage of this differential design is that noise injected via the power supplies is a 
common-mode signal that is cancelled when the inverted and noninverted signals 
are recombined. This dramatically improves the power supply rejection ratio. 

After the differential converter, a differential switched capacitor filter band passes 
the analog signal from 200 Hz to 3400 Hz before the signal is digitized by the differ- 
ential compressing A/D converter. 

The decoder accepts PCM data and expands it using a differential D/A converter. 
The output of the D/A is low-pass filtered at 3400 Hz and sinX/X compensated by a 
differential switched capacitor filter. The signal is then filtered by an active R-C filter 
to eliminate the out of band energy of the switched capacitor filter. 

These PCM codec-filters accept both industry standard clock formats. They also 
maintain compatibility with Motorola’s family of TSACs and MC3419/MC34120 SLIC 
products. 

The MC145554/57/64/67 family of PCM codec-filters utilizes CMOS due to its 
reliable low-power performance and proven capability for complex analog/ digital 
VLSI functions. 


MC145554/57 (16-Pin Package) 

Fully Differential Analog Circuit Design for Lowest Noise 

Performance Specified for Extended Temperature Range of — 40 to +85°C 
Transmit Band-Pass and Receive Low-Pass Filters On-Chip 

Active R-C Pre-Filtering and Post-Filtering 

Mu-Law Companding MC145554 

A-Law Companding MC145557 

On-Chip Precision Voltage Reference (2.5 V) 

Typical Power Dissipation of 40 mW, Power Down of 1.0 mW at +5 V 
MC145564/67 (20-Pin Package) 

All of the Features of the MC145554/57 Plus: 

@ Mu-Law Companding MC145564 

@ A-Law Companding MC145567 

@ Push-Pull Power Drivers with External Gain Adjust 

@ Analog Loop-Back 


This document contains information on a new product. Specifications and information herein are subject to 
change without notice. 


MIC145554 
MiC145557 
IMIC145564 
MIC145567 


~ P SUFFIX 
PLASTIC 
CASE 738 


P SUFFIX 
PLASTIC 
CASE 648 


L SUFFIX 
CERAMIC 
CASE 732 


” DWSUFFIX —,_ DW SUFFIX 
SO SO 
CASE 751G CASE 751D 


20 


PIN ASSIGNMENT 
MC145554, MC145557 


BCLKp/CLKSEL [[ 
MCLKp/PON [] 8 


MC145564, MC145567 


ao oOo nr OO om &S& WwW HO — 


BCLKp/CLKSEL [] 
MCLKp/PDN [] 


_ 
So 
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FUNCTIONAL BLOCK DIAGRAM 


MCLKp/ BCLKp/ 
GSy  ANLB* Vec GNDA Vpp FSx FSR  MCLKy BCLKxX ppN — CLKSEL 
VFyi — 7 | | TSx 
aa A, | RC ACTIVE -5-POLE SC 3-POLE 
xi+ LOW-PASS LOW-PASS HIGH-PASS 
ss _ FILTER FILTER AND S/H 
a om TRANSMIT 
vPO + * SHIFT Dy 
BAND-GAP REG 
VOLTAGE 
REF 
vP0 — * i 
\/ 
VPI * : RECEIVE RECEIVE 
. SHIFT Dr 
: LATCH 
RC ACTIVE 5-POLE SC REG 
VFRO LOW-PASS LOW-PASS SIH 


FILTER 


FILTER 


*MC145564 and MC145567 only. 


DEVICE DESCRIPTION 


A codec-filter is used for digitizing and reconstructing the 
human voice. These devices were developed primarily for the 
telephone network to facilitate voice switching and transmis- 
sion. Once the voice is digitized, it may be switched by digital 
switching methods or transmitted long distance (T1, micro- 
wave, satellites, etc.) without degradation. The name codec 
is an acronym from ‘“‘COder’’, for the A/D used to digitize 
voice, and ‘“‘DECoder’’, for the D/A used for reconstructing 
voice. A codec is a single device that does both the A/D and 
D/A conversions. | | 

To digitize intelligible voice requires a signal-to-distortion 
ratio of about 30 dB over a dynamic range of about 40 dB. 
This can be accomplished with a linear 13-bit A/D and D/A, 
but will far exceed the required signal-to-distortion ratio at 
amplitudes greater than 40 dB below the peak amplitude. This 
excess performance is at the expense of data per sample. 
Methods of data reduction are implemented by compressing 
the 13-bit linear scheme to companded 8-bit schemes. There 
are two companding schemes used: Mu-255 Law specifically 
in North America, and A-Law specifically in Europe. These 
companding schemes are accepted world wide. These com- 
panding schemes follow a segmented or “piecewise-linear’’ 
curve formatted as sign bit, three chord bits, and four step 
bits. For a given chord, all sixteen of the steps have the same 
voltage weighting. As the voltage of the analog input in- 
creases, the four step bits increment and carry to the three 
chord bits which increment. When the chord bits increment, 


the step bits double their voltage weighting. This results in an 
effective resolution of six bits (sign+ chord + four step bits) 
across a 42 dB dynamic range (seven chords above zero, by 
6 dB per chord). Tables 3 and 4 show the linear quantization 
levels to PCM words for the two companding schemes. 

Ina sampling environment, Nyquist theory says that to prop- 
erly sample a continuous signal, it must be sampled at a fre- 
quency higher than twice the signal’s highest frequency 
component. Voice contains spectral energy above 3 kHz, but 
its absence is not detrimental to intelligibility. To reduce the 
digital data rate, which is proportional to the sampling rate, a 
sample rate of 8 kHz was adopted, consistent with a bandwidth 
of 3 kHz. This sampling requires a low-pass filter to limit the 
high frequency energy above 3 kHz from distorting the in-band 
signal. The telephone line is also subject to 50/60 Hz power 
line coupling, which must be attentuated from the signal by 
a high-pass filter before the A/D converter. - 

The D/A process reconstructs a staircase version of the 
desired in-band signal, which has spectral images of the in- 
band signal modulated about the sample frequency and its 
harmonics. These spectral images, called aliasing components, 
need to be attenuated to obtain the desired signal. The low- 
pass filter used to attenuate these aliasing components is typ- 
ically called a reconstruction or smoothing filter. 

The MC145554/57/64/67 PCM codec-filters have the codec, 
both presampling and reconstruction filters, and a precision 
voltage reference on chip, and require no_ external 
components. 
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PIN DESCRIPTION 


DIGITAL 
FSR —Receive Frame Sync 


This is an 8 kHz enable that must be synchronous with 
BCLKr. Following a rising FSR edge, a serial PCM word at 
DR is clocked by BCLKrR into the receive data register. FSR 
also initiates a decode on the previous PCM word. In the 
absence of FS x, the length of the FSp pulse is used to de- 
termine whether the |/O conforms to the short frame sync or 
long frame sync convention. 


Dr—Receive Digital Data Input 


BCLKR/CLKSEL— Receive Data Clock and Master 
Clock Frequency Selector 


If this input is a clock, it must be between 128 kHz and 4.096 
MHz, and synchronous with FSp. In synchronous applications 
this pin may be held at a constant level; then BCLK x is used 
as the data clock for both the transmit and receive sides, and 
this pin selects the assumed frequency of the master clock 
(see Table 1 in FUNCTIONAL DESCRIPTION). 


MCLKp/PDN— Receive Master Clock and Power 
Down Control 


Because of the shared DAC architecture used on these de- 
vices, only one master clock is needed. Whenever FS x is 
clocking, MCLK x is used to derive all internal clocks, and the 
MCLKR/PDN pin merely serves as a power-down control. If 
MCLKR/PDN pin is held low or is clocked (and at least one 
of the frame syncs is present), the part is powered up. If this 
pin is held high, the part is powered down. If FSx is absent 
but FSpR is still clocking, the device goes into receive half- 
channel mode, and MCLKp (if clocking) generates the internal 
clocks. 


MCLKx—Transmit Master Clock 


This clock is used to derive the internal sequencing clocks; 
it must be 1.536 MHz, 1.544 MHz, or 2.048 MHz. 


BCLKx—Transmit Data Clock 


BCLK x may be any frequency between 128 kHz and 4.096 
MHz, but it should be synchronous with MCLK x. 


Dx—Transmit Digital Data Output 


This output is controlled by FSx and BCLK x to output the 
PCM data word; otherwise this pin is in a high-impedance 
state. 


FSx—Transmit Frame Sync 


This is an 8-kHz enable that must be synchronous with 
BCLK x. A rising FSx edge initiates the transmission of a serial 
PCM word, clocked by BCLKx, out of Dx. If the FS pulse 
is high for more than eight BCLKx periods, the Dx and TSx 
outputs will remain in a low-impedance state until FS x is 
brought low. The length of the FS x pulse is used to determine 
whether the transmit and receive digital |/O conforms to the 
short frame sync or to the long frame sync convention. 


TSx—Transmit Time Slot Indicator 
This is an open-drain output that goes low whenever the 


Dx output is in a low-impedance state (i.e., during the transmit 
time slot when the PCM word is being output) for enabling a 
PCM bus driver. ; 


ANLB— Analog Loop-Back Control Input (MC145564/67 
Only) 


When held high, this pin causes the input of the transmit 
RC active filter to be disconnected from GS and connected 
to VPO+ for analog loop-back testing. This pin is held low in 
normal operation. 


ANALOG 
GS x—Gain-Setting Transmit 

This output of the transmit gain-adjust operational amplifier 
is internally connected to the encoder section of the device. 
It must be used in conjunction with VFxl — and VFxI+ to set 
the transmit gain for a maximum signal amplitude of 2.5 V 
peak. This output can drive a 600 © load to 2.5 V peak. 


VFx! — —Voice-Frequency Transmit Input (Inverting) 


This is the inverting input of the transmit gain-adjust op- 
erational amplifier. 


VFxI + —Voice-Frequence Transmit Input 
(Noninverting) 


This is the noninverting input of the transmit gain-adjust 
operational amplifier. 


VFRO—Voice-Frequency Receive Output 


This receive analog output is capable of driving a 600 2 load 
to 2.5 V peak. 


VPI—Voltage Power Input (MC145564/67 Only) 


This is the inverting input to the first receive power amplifier. 
Both of the receive power amplifiers can be powered down 
by connecting this input to VgB. . 


VPO — —Voltage Power Output (Inverted) (MC145564/ 
67 Only) 


This inverted output of the receive push-pull power ampli- 
fiers can drive 300 Q to 3.3 V peak. 


VPO + —Voltage Power Output (Noninverted) 
(MC145564/67 Only) 


This noninverted output of the receive push-pull power am- 
plifier pair can drive 300 Q to 3.3 V peak. 


POWER SUPPLY 
GNDA— Analog Ground 


This terminal is the reference level for all signals, both analog 
and digital. It is 0 V. ‘ 


Vcc—Positive Power Supply 
VCC is typically 5 V. 


VBpB—Negative Power Supply 
VBB is typically —5 V. 
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FUNCTIONAL DESCRIPTION 


ANALOG INTERFACE AND SIGNAL PATH 


The transmit portion of these codec/filters includes a low- 
noise gain setting amplifier capable of driving a 600 Q load. 
Its output is fed to a three-pole anti-aliasing pre-filter. This 
pre-filter incorporates a two-pole Butterworth active low-pass 
filter, and a single passive pole. This pre-filter is followed by 
a single ended-to-differential converter that is clocked at 256 
kHz. All subsequent analog processing utilizes fully differential 
circuitry. The next section is a fully-differential, 5-pole 
switched-capacitor low-pass filter with a 3.4 kHz pass band. 
After this filter is a 3-pole switched-capacitor high-pass filter 
having a cutoff frequency of about 200 Hz. This high-pass 
stage has a transmission zero at dc that eliminates any dc 
coming from the analog input or from accumulated operational 
amplifier offsets in the preceding filter stages. The last stage 
of the high-pass filter is an autozeroed sample and hold 
amplifier. 

One bandgap voltage reference generator and digital-to- 
analog converter (DAC) are shared by the transmit and receive 
sections. The autozeroed, switched-capacitor band-gap ref- 
erence generates precise positive and negative reference volt- 
ages that are independent of temperature and power supply 
voltage. A binary-weighted capacitor array (CDAC) forms the 
chords of the companding structure, while a resistor string 
(RDAC) implements the linear steps within each chord. The 
encode process uses the DAC, the voltage reference, and a 
frame-by-frame autozeroed comparator to implement a suc- 
cessive-approximation conversion algorithm. All of the analog 
circuitry involved in the data conversion—the voltage refer- 
ence, RDAC, CDAC, and comparator—are implemented with 
a differential architecture. 

The receive section includes the DAC described abate a 
sample and hold amplifier, a five-pole 3400 Hz switched ca- 
pacitor low-pass filter with sinX/X correction, and a two-pole 
active smoothing filter to reduce the spectral components of 
the switched capacitor filter. The output of the smoothing 
filter is a power amplifier that is capable of driving a 600 0 
load. The MC145564 and MC145567 add a pair of power am- 
plifiers that are connected in a push-pull configuration; two 
external resistors set the gain of both of the complementary 
outputs. The output of the second amplifier may be internally 
connected to the input of the transmit anti-aliasing filter by 
bringing the ANLB pin high. The power amplifiers can drive 
unbalanced 300 © loads or a balanced 600 © load; they may 
be powered down independent of the rest of the chip by tying 
the VPI pin to VgpB. 


MASTER CLOCKS 


Since this codec-filter design has a single DAC architecture, 
only one master clock is used. In normal operation (both frame 
syncs clocking), MCLK is used as the master clock, regardless 
of whether the MCLKRr/PDN pin is clocking or low. The same 
is true if the part is in transmit half-channel mode (FS x clock- 
ing, FSR held low). But if the codec-filter is in the receive half- 
channel mode, with FSR clocking and FSx held low, MCLKR 
is used for the internal master clock if it is clocking; if MCLKp 
is low, then MCLK;, is still used for the internal master clock. 
Since only one of the master clocks is used at any given time, 
they need not be synchronous. 

The master clock frequency must be 1 .536 MHz, 1.544 MHz, 
or 2.048 MHz. The frequency that the codec-filter expects 


depends upon whether the part is a MU-law or an A-law part, 
and on the state of the BCLKR/CLKSEL pin. The allowable 
options are shown in Table 1. When a level (rather than a 
clock) is provided for BCLKR/CLKSEL, BCLKy is used as the. 


bit clock for both transmit and receive. 


Master Clock Frequency Expected 
BCLKp/CLKSEL 
MC145554/64 MC145557/67 
Clocked, 1, or Open L cee 2.048 MHz 
a cia 


Table 1. Master Clock Frequency Determination 


FRAME SYNCS AND DIGITAL I/O 


These codec-filters can accommodate both of the industry 
standard timing formats. The long frame sync mode is used 
by Motorola’s MC 145500 family of codec-filters and the UDLT 
family of digital loop transceivers. The short frame sync mode 
is compatible with the IDL (Interchip Digital Link) serial format 
used in Motorola’s ISDN family and by other companies in 
their telecommunication devices. These codec/filters use the 
length of the transmit frame sync (FS) to determine the timing 
format for both transmit and receive unless the part is operating 
in the receive half-channel mode. 

In the long frame sync mode, the frame sync pulses must 
be at least three bit clock periods long. The Dx and TSx 
outputs are enabled by the logical ANDing of FSx and BCLK x; 
when both are high, the sign bit appears at the Dx output. 
The next seven rising edges of BCLKx clock out the remaining 
seven bits of the PCM word. The Dx and TS x outputs return 
to a high impedance state on the falling edge of the eighth 
bit clock or the falling edge of FSx, whichever comes later. 
The receive PCM word is clocked into Dr on the eight falling 
BCLKR edges following an FSR rising edge. 

For short frame sync operation, the frame sync pulses must 
be one bit clock period long. On the first BCLK x rising edge 
after the falling edge of BCLKy has latched FS x high, the Dx 
and TSx outputs are enabled and the sign bit is presented on 
Dx. The next seven rising edges of BCLKx clock out the 
remaining seven bits of the PCM word; on the eighth BCLKx 
falling edge, the Dx and TSx. outputs return to a high imped- 
ance state. On the second falling BCLKR edge followng an 
FSR rising edge, the receive sign bit is clocked into Dr. The 
next seven BCLKR falling edges clock in the remaining seven 
bits of the receive PCM word. 

Table 2 shows the coding format of the transmit and receive 
PCM words. 


HALF-CHANNEL MODES 


In addition to the normal full duplex operating mode, these 
codec-filters can operate in both transmit and receive half- 
channel modes. Transmit half-channel mode is entered by. 
holding FSR low. The VFRO output goes to analog ground 
but remains in a low impedance state (to facilitate a hybrid 
interface); PCM data at Dp is ignored. Holding FSx low while 
clocking FSR puts these devices in the receive half-channel 
mode. In this state, the transmit input operational amplifier 
continues to operate, but the rest of the transmit circuitry is 
disabled; the Dx and TSx outputs remain in a high impedance 
state. MCLKp is used as the internal master clock if it is 
clocking. If MCLKR is not clocking, then MCLK x is used for 
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Table 2. PCM Data Format 


the internal master clock, but in that case it should be syn- 
chronous with FSrpe. If BCLKp is not clocking, BCLKx will be 
used for clocking the receive data, just as in the full channel 
operating mode. In receive half-channel mode only, the length 
of the FSR pulse is used to determine whether short frame 
sync or long frame sync timing is used at Dr. 


POWER DOWN 


Mu-Law (IMC 145554/64) A-Law (MC145557/67 
Chord Bits Chord Bits 


2 ms after the last frame sync pulse is received. An alternative 
way to put these devices in power down is to hold the MCLKr/ 
PDN pin high. When the chip is powered down, the Dx, TSx, 
and GS x outputs are high impedance, the VFRO, VPO —, and 
VPO+ operational amplifiers are biased with a trickle current 
so that their respective outputs remain stable at analog ground. 
To return the chip to the power up state, MCLKR/PDN must 
be low or clocking and at least one of the frame sync pulses 


must be present. The Dx and TS x outputs will remain in a 
high impedance state until the second FS x pulse after power 


up. 


Holding both FSx and FSp low causes the part to go into 
the power down state. Power down occurs approximately 


MAXIMUM RATINGS (Voltages Referenced to GNDA) 


Jee eee Co ae eee 


DC Supply Voltage Wee to Vep —0.5 to 13 
Vcc to GNDA 
VeBp to GNDA 


This device contains circuitry to protect against 
damage due to high static voltages or electric 
fields, however, it is advised that normal 
precautions be taken to avoid application of any 
voltage higher than maximum rated voltages to 
this high impedance circuit. For proper operation 


—0.3 to 7.0 
—7.0 to +0.3 


Voltage on any Analog Input or Output Pin ae Vep — 0.3 to Vcc + 0.3 Es 


it is recommended that Vin and Voyt be 
constrained to the range Vssg<s(Vin_ or 
Vout) = Vp: 

Unused outputs must always be tied to an 
appropriate logic voltage level (e.g., Vp, 


Voltage on any Digital Input or Output Pin Bee GNDA — 0.3 to Vcc + 0.3 = 
Operating Temperature Range —40 to +85 
Storage Temperature Range — 85 to +150 


GNDA, or Vcc). 
POWER SUPPLY (Ta = — 40 to +85°C) 


Characteristic jf ef asf Un 


DC Supply Voitage 4.75 
— 4,75 


Active Power Dissipation (No Load) MC145554/57 
MC 145564 /67 
MC145564/67, VPI= Veep 
MC145554/57 
MC145564/67 
MC145564/56, VPI=Vep 


Power Down Dissipation (No Load) 


DIGITAL LEVELS (Vcc=5 V +5%, Vagp=—5 V +5%, GNDA=0 V, Ta=—40 to +85°C) 


po haractorintic | Symbol | Min | Max | Unit 
[Inputow Voltage 


a Am EE a 
Output Low Voltage Dx or TSx, lo, =3.2 mA EE 


Dx, lon = —3.2 MA 2.4 
lIoH= —1.6 mA a -0.5 
Input Low Current GNDA <Vijn <Vec}] tL | + | +t0 | 


Input High Current GNDA <Vin= Vcc ee ae a 
Output Current in High Impedance State GNDAsDx<Vcc | ioz {| -10 | +10 | 2A | 


< 


< 


< 


< 


Output High Voltage 
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ANALOG ELECTRICAL CHARACTERISTICS | 
(Vcc =+5V +5%, Vagp= —-5 V +5%,VFxI— Connected to GSx, Ta = —40 to +85°C) 


Characteristic | : _ 


Input Current (—2.5V<VinS+25V) : — VFxI+, VEXI— 
AC Input Impedance to GNDA (1 kHz) oe EL, VEXL— 
Input Capacitance . oe ’ VExI+, VFxI=— 
Input Offset Voltage of GSx Op Amp ‘s VFI +, VFxI— 


Zi 
) 


H- 
N 
a 


He 
oO 
& 
H 
So 
NO 
. 


no) 
n 


Input Common Mode Voltage Range VFxI+, VFx!— 


input Common Mode Rejection Ratio VFxI+, oli 
Unity Gain Bandwidth of GSx Op Ae (Rigad= 10 Ko) 

DC Open Loop Gain of GS Op Amp (Rigad 2 10 kQ) 

Equivalent Input Noise (C-Mess) Between VFxI + and VFyxIl— at GSx 


Output Load Capacitance for GSx Op Amp 


Output Voltage Range for GSx Rioad = 10 kD to GNDA 
nosed 600 2 to GNDA 


Transmit Power Supply Rejection Positive 0 to 100 kHz, C-Message 
Negative 0 to 100 kHz, C-Message 


Receive Power Supply Rejection Positive, 0 to 100 kHz, C-Message 
: Positive, 4 kHz to 25 kHz 
Positive, 25 kHz to 50 kHz 
Negative, 0 to 100 kHz, C-Message 
Negative, 4 kHz to 25 kHz 
Negative, 25 kHz to 50 kHz 


MC 146564/67 Power Drivers 


Load Capacitance eee =300 0) VPO+ or VPO— to GNDA 


Gain from VPO — to VPO+ (Rigad = 300 2, VPO+ to GNDA Level at VPO - = 1.77 Vrms, 
+3 dBm0) 


Maximum 0 dBm0 Level for Better than +0.1 dB Linearity Over the Range Rioad = 600 2 
— 10 dBm0 to +3 dBm0 (For Riggg between VPO+ and VPO—) Rioad = 1200 2 
Rioad = 10 kQ 


Power Supply Rejection of Vcc or Veg (VPO-— Connected to VPI) 0 to 4 kHz 
VPO+ or VPO— to GNDA 4 to 50 kHz 


Differential Power Supply Rejection of Vcc or Vag (VPO— Connected to VPI) 
VPO+ to VPO—, 0 to 50 kHz 
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ANALOG TRANSMISSION PERFORMANCE . 
(Vcc =+5V +5%, Vap=—5 V +5%, GNDA=0 V, 0 dBm0= 1.2276 Vrms= + 4 dBm @ 600 0, FSx = FSp =8 kHz, 
BCLKyx = MCLK x = 2.048 MHz Synchronous Operation, VFx!— Connected to GSx, Ta = —40 to +85°C) Unless Otherwise Noted 


[Absolute Gain (0 dBind @ 1.02 kre, TA=25°C, Vog=5V.Vaa=-8W) | — | — | -025] +025] -025[ +025] a 


Absolute Gain Variation with Temperature 0 to +70°C +0.03 +0.03 
—40 to + 85°C +0.06 + 0.06 


Absolute Gain Variation with Power Supply (Vcc =5 V +5%, +0.02 — +0.02 
VBBp=-—5V +5%) 


Gain vs Level Tone (Relative to — 10 dBm0, 1.02 kHz) 


Gain vs Level Pseudo Noise CCITT G.712 
(MC145557/67 A-Law Relative to — 10 dBm0Q) 


Total Distortion, 1.02 kHz Tone (C-Message) 


Total Distortion with Pseudo Noise CCITT G.714 
(MC145557/67 A-Law) 


Idle Channel Noise (For End-End and A/D, Note 1) 
(MC145554/64 Mu-Law, C-Message Weighted) 
(MC145557/67 A-Law, Psophometric Weighted) 


Frequency Response (Relative to 1.02 kHz @ 0 dBm0) 


Out-of-Band Sniiious at VFRO (300- 3400 Hz @ 0 dBm0 In) 
4600 to 7600 Hz 
7600 to 8400 Hz 
8400 to 100,000 Hz 


eae 
[Absolute Deay (16004) SSCSC=‘“—*é‘“RCSC*dC CS 


Group Delay Referenced to 1600 Hz 
1000 to 1600 Hz 
1600 to 2600 Hz 
2600 to 2800 Hz 
2800 to 3000 a a 


| Crosstalk of 1020 Hz @ 0dBm0 from A/DorD/A(Note2) si of 1020 Hz | Crosstalk of 1020 Hz @ 0dBm0 from A/DorD/A(Note2) si 0 dBm0 from A/D or D/A (Note 2) ee eee sere 


Intermodulation Distortion of Two Frequencies of Amplitudes 
-—4to —21 dBm0 from the Range 300 to 3400 Hz 
NOTES: 


1. Extrapolated from a 1020 Hz @ —50 dBm0 distortion measurement to correct for encoder enhancement. 
2. Selectively measured while the A/D is stimulated with 2667°Hz @ —50 dBm0. 
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DIGITAL SWITCHING CHARACTERISTICS (Vcc=5 V +5%, Vag=—5 V +5%, GNDA=0V, All Signals Referenced to GNDA, 


Ta= —40 to +85°C, Ciogq = 150 pF Unless Otherwise Noted) a ae ee 
| Symbol | Min | Typ | Max | Unit | 


a “ ™ -_ : - Ele Bil 
inna Puls With High or Low SSCL [ty | too | Pe 
[Minium Puls With High or bow =x er cue | twey | 80] Pe 
[Minimum Pe With Low SSC or | try) | | ed 

aes 


Setup Time from MCLK x High to BCLKx Low 
Hold Time from BCLKx (BCLKR) Low to FSx (FSR) High 


Hold Time from 2nd Period of BCLKx (BCLKR) Low to FSx (FSR) Low in 
Long Frame 
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t(BTS) twiM) twiM) ta(zc) 


MCLKy 
MCLKp 


BCLKy 


th(BF) eed 
tsu(F) 


FSx 


td(BD) a ta(ZC) 


Dy 


Figure 1. Short Frame Sync Timing 
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MCLKy 
MCLKp 


tsu(MFB) 
tsu(BRM)- 


BCLKy 


thiBF) 


FSy. 


BCLKp 


thiBF) | thiBFI) 
. tsu(FB) } 


FSR 


- Figure 2. Long Frame Sync Timing 
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oN VBB 
GNDA = ANALOG IN 
ANALOG OUT —— VFR0 


+5V TX TIME SLOT 


cc 
MC145554/57 
R 


BCLKp/CLKSEL ie 
MCLKp/PDN 
8 kHz 


EG 
ox a —} —+—4 
ADPCM IN aan 


POWER DOWN 20.48 MHz 


Figure 3. ADPCM Transcoder Application 


MC33120 
+5V 
+ 
5 uF, 16 V 
1N4002 +5V 
4B V 100 MC 145554/7 
0.005 pF 4a W 
TIP 8 kHz SYNC 
RING \ 47k 220.6k 47.4 k 
DATA CLOCK 
MC 145554 = 
1.544 MHz 
MC145557 = 
1 pF 2.048 MHz 
0.005 pF 
50 V 10 k TO PCM HWY 
MJ0243 
= 1.0 pF, 50 V 
+ 


1 
—48V = 


1N4002 


il 
| 
on 
<= 


ae pF, 50 V 
NOTE: Six resistors and two capacitors can be 5% tolerance. 


Figure 4. A Complete Single Party Channel Unit Using MC145554/57 PCM Codec/Filter and MC33120 SLIC 
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“S” TRANSCEIVER LAP-DILAP-B CONTROLLER 
+5V MC145474P +5V 45V MC145488 
4 


+5 V. 


oa 
(=) 
> 
> 


S INTERFACE 


, 


SYNC 0, 1 12 
CLK 0, 1 13 
TX 0, 1 14 
RX 0, 1 
DREQ 1 
DGNT 1 


SCPE 1 
SCPE 0 
SCP CLK 
SCP TXD 


D 
SCP RXD MPU 
? BUS 


8 

Bee 
jo | 
Fre 
Fame 
al 
fia 
eal a 
aa 


Cm Eee Ge: Dee SE Ee 
iis a Bs es BS 
~ ~ 


HANDSET 


RJ-11 
+Rcvr [ — 
(WHITE) +5V 


MC145554P +5V 


500 3 4 


FSy, FSp 

MCLK, BCLK 
VFy| — Dx 
DR 
=| 13 


+MIC (RED) | <2 | 
ee ieee aa 
(WHITE)| Fd 
— MIC (BLK}} <2 ca 


VeB 


-CODEC/FILTER —5V. 


51, 36, 21 


Figure 5. ISDN Voice/Data Terminal 
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Table 3. Mu-Law Encode-Decode Characteristics 


Normalized Digital Code Normalized 


Number Encode 
D d 
of Steps i Decision ec | 4 | 5s {[ 6 | 7 | 8 | eae. 


Chord 
Number 


4191 


(on) 
oO 


2079 


—_ 
(o>) 
So 
— 
— 
—_ 
_ 
—_ 


w —_ 
N 
N ro) 
= N oN 
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7g - ol rx} 

Sy 
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o_ 

—_ 

—_ 

nok 


1023 
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So = Oo 
= = = 
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—_ ~— = 


— 
— 
(o) 
— 
= 
— 
_ 
~— 


ae 
W.. © S.. 
8-8 3-8 


—_ 
fer) 
N 
- + 4 
© ice) 


a 
Ea 
eee 
° wes 

as 

= 

—_ 

= 

= 

= 

= 

lt 


NOTES: 
1. Characteristics are symmetrical about analog zero with sign bit=0 for negative analog values. 
2. Digital code includes inversion of all magnitude bits. 
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Table 4. A-Law Encode-Decode Characteristics 


Normalized Digital Code | 
Chord Number Encode 
Number | of Steps Decision 
Levels 


Normalized 
Decode 
Levels 


NOTES: 
1. Characteristics are symmetrical about analog zero with sign bit =0 for negative analog values. 
2. Digital code includes inversion of all magnitude bits. 
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Product Preview 


Time Slot Interchange Circuit 
Silicon-Gate CMOS 


The MC145601 time slot interchange circuit (TSIC) is a CMOS IC designed for 
switching pulse code modulation (PCM) voice or data, under microprocessor con- 
trol, in a digital exchange or central office. It connects any of 256 incoming PCM 
channels to any of 256 outgoing PCM channels. 


5-Volt Supply 

8 x 32 Channel Input 
8 x 32 Channel Output 
256-Port Nonblocking Digital Switching Matrix PIN ASSIGNMENT 
Building Block for Digital PABX 

Expandable to Larger Capacity Block 

32 Serial Channels Per Frame 

Typical Bit Rate: 2.048 Mbit/s 

Typical Synchronization Rate: 8 kHz 

Interface to MC68XXX Family Microprocessors 
8 Instructions Available 

40-Pin Dual-In-Line Package 


P SUFFIX 
PLASTIC 
CASE 711 


39 [] CLOCK 


1 
2 
3 
4 
5 
6 
7 
8 
9 


RO —_ _ _ = — _ _ —_ —_ — 
Oo no on OO OF F&F WD PS — O&O 


This document contains information on a product under development. Motorola reserves the right to change or discontinue this product without notice. 
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| MC145610 


TECHNICAL DATA 


Product Preview 
Tone Pulse Dialer with Last 
Number Redial 


P SUFFIC 

The MC145610 silicon-gate CMOS IC converts keyboard inputs into either pulse PLASTIC 

or DTMF outputs for telephone dialing. All of the features for implementing pulse or . CASE 707 
DTMF dialing are provided, including 21-digit last number redial in either pulse or 


DTMF mode. 
The MC145610 is pin-compatible with the previously-available MC145410, but has 
some modifications of features and specifications. 


Stand-Alone Pulse or DTMF Dialer, Pin Selectable Only 
Pacifier Tone Output at Pulse Dialing 

4x4 Keyboard Interface Only 

Uses Low-Cost 3.5795 MHz TV Color Burst Crystal 
PABX Pause Storage 

Manual and LNR Number Can Be Cascaded 

Low Standby Current Typically 0.2 nA at 3.5 V 

21-Digit Last Number Redial 

Hold Function 

Flash Function for Transfer Call in a PBX Environment 


PIN ASSIGNMENT 


18 [J DTMF OUT 


BLOCK DIAGRAM 


D/A 
coum 1 coweraon |! —} 
& MIXING 1 


Tso ‘| TONE DEBOUNCE 
SIGNAL COUNTER 


MS . 
5 
c4 


c1 
és KEYBOARD 
INTERFACE 
c3 AND Cs) 
- DECODE 
R2 
Rd LOGIC 
R4—_p» CONTROL 


ie we: 


OStin ose "| aoe eee ie 
OSCout 


This document contains information on a product under development. Motorola reserves the right to change or discontinue this product without notice. 
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= SEMICONDUCTOR ee 
TECHNICAL DATA 


Product Preview 
PCM Conference Circuit 


The MC145611 PCM conference circuit is an HCMOS device designed for voice 
conference in a digital (PCM) telephone switch such as a TDM PABX. The device is 
capable of providing mixing of up to eight channels (parties) such that every party P SUFFIX 
can hear when one or more parties speak at the same time. PLASTIC 

The technique of level priority coding is used. It provides a low cost means of CASE 738 
mixing of PCM voice codes for voice conference applicaton. 


20-Pin Dual-In-Line Package 

Single +5-V Power Supply 

Support Standard Mu-Law or A-Law PCM Codes PIN ASSIGNMENT 

Directly Off the PCM Highways | 

4.096 MHz Clock, 8 kHz Frame Sync and Serial PCM Data Comply with Codec Timing 
Used in the PABX System 

One-Frame Delay to PCM Data 

Built-In Time Slot Assignment Circuit 

Serial Data with MCU Interface 

8 Parties Conference in Single Group or Split into Two Groups 

Intrusion Party Channel Time Slot Assignment Provided 

Built-In Maskable Tone Signalling. Tone Level and Frequency External Adjustable 
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MOTOROLA 
m= SEMICONDUCTOR ceeciiiemaameeieeiaiaaiaiameaaammenamael 


TECHNICAL DATA 
TCA 3381 


 EREPHONE RING SIGNAL IMPEDANCE MATCHING og = 
AND PROTECTION CIRCUIT TELEPHONE RING SIGNAL 

. IMPEDANCE MATCHING AND 
The TCA 3381 Ring Signal Impedance Matching and Protection Circuit PROTECTION CIRCUIT 
is designed for use with the companjon TCA 3383A/B Transmission Cir- 
cuit, and TCA 3382 Telephone Set Speaker Amplifier Circuit. These 
devices, together with a microcomputer unit form the basis of a fully 
electronic telephone set. With the telephone on-hook, the TCA 3381 is 
connected to the line and converts the ring voltage into a current which 
feeds the TCA 3382. The conversion voltage/current is necessary to 


' decrease the harmonic distortion of the ring signal. 


BIPOLAR INTEGRATED CIRCUIT 


The, input impedance of the circuit is programmable so that it can be 
matched by the designer to the line impedance in order to maximize the 
available energy in the case of a long line. Five programmed impedance 
values can be pin-selected, other values by adding external resistors. 


8 PIN DIL PACKAGE - 
CASE 626 


: The inputs include circuitry to protect the device against overvoltage 
surges due to lightning and accidental connection to the mains. 


ORDERING INFORMATION 


@ Line impedance matching, programmable TCA 3381-DP 


@ Lightning and mains protection 


@ Voitage/current conversion 
@ Breakdown voitage 150V 


Pin Connections 


FIGURE 1 - TCA 3381 REPRESENTATIVE CIRCUIT SCHEMATIC 


TCA3381 


CURRENT 
MIRROR 


8 V/aT 
LIMITER 


1 — Must not be connected 
2 - Zoutput 


3 - Threshold selection 


CURRENT | 6] PROGRAMMABLE 4-Vcc 
MIRROR De IMPEDANCE 5 = adic 
c= . 6 — Zadjust 
CURRENT (+1) I ae 7 — Zadjust 


LIMITER ———~ 
8 - Vline 


TCA 3382 
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TCA 3381 


ABSOLUTE MAXIMUM RATINGS (TA = 25°C) 


Rating 


Line Voltage 


Operating Ambient Temperature 


— 20 to 60 


Storage Temperature 


-65 to 150 


Operating Junction Temperature 


150 


Thermal Resistance Plastique Package 


65 to 95 


ELECTRICAL CHARACTERISTICS 


Characteristic (1A = 25°C) Figure 
Input Impedance (TA= -— 20 to +60) 2 
ZL = a = impedance 3 
between pin 8 and 4 4 
(Slope between 20 and 80 V) 5 
6 
| ot 
IL (Vu) Characteristics 9 
Threshold up 10 
Threshold down 10 
Hysteresis 10 
Inhibited current 10 
Breakdown (I pin8 = 10 mA) 10 
= 

Distortion 

Level of each harmonic | 11 


FIGURE 2 — INPUT IMPEDANCE 


1N 4148 


TCA3381 


(4 Quadrants 


source) 


FIGURE 4 — INPUT IMPEDANCE 


1N 4148 


TCA3381 


(4 Quadrants 
source) 


(4 Quadrants 


source) 


FIGURE 5 — INPUT IMPEDANCE 


1N 4148 


TCA3381 


(4 Quadrants 
source) 
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FIGURE 6 — INPUT IMPEDANCE FIGURE 7 — INPUT IMPEDANCE 


1N 4148 1N4148 


TCA3381 TCA 3381 


(4 Quadrants 


(4 Quadrants 
source): 


source) 


FIGURE 8 — CHOICE OF 2, FIGURE 9 — CURRENT/VOLTAGE CHARACTERISTIC 
MEASUREMENT SET-UP 


1N 4148 


TCA 3381 


_ FIGURE 10 — CURRENT/VOLTAGE CHARACTERISTICS 


I, (mA) 


AlL = (10.4-2) - 107 
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TCA 3381 


FIGURE 11 — RINGING DISTORTION TEST SET-UP 
Vo (RMS) 
+ 
R 4Ta ipf 


2 
' 
L 8) tca3381 
VLa 
®SECOSEM 
Vo 
LH = 20 log1g = —-—-— 
60.63x 1073 


E = 90 VRMS or OV (25 or 50 Hz) (sequenced) 5,1V 
300Q < R < 3600Q 


FIGURE 12 — LIGHTNING PROTECTION MEASUREMENT 
as described in TMA/PRL/192 recommendation edited by the CNET-France 


15a 250 470 =p 3 
mam 
ka 1 
+ @ L 8 
Vel 20pf & Vzp 130 TCA3381 
®swz t VL 4 
04-105 “7 IN4148 
0,1 pf 
5,6V 
r0ouFT 
FIGURE 13 — SHAPE OF THE SURGE APPLIED ON THE FIGURE 14 — TYPICAL PERFORMANCE UNDER LIGHTNING TEST 
SPARK-GAP (Fig. 14) CONDITIONS (Computer simulation) 


ti typ = 0.5 us 
t2 typ = 700 us 


100V < Vc < 10’000V 
iner g Vc typ = 2000 V 
| 

/ 
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= SEMICONDUCTOR Ry 
TECHNICAL DATA 


TELEPHONE SET RING DETECTION AND 
LOUDSPEAKER AMPLIFIER CIRCUIT | 


The TCA 3382 Telephone Set Speaker Amplifier |.C. is designed for use 
with the companion TCA 3383 Transmission Circuit, and TCA 3381. 
These devices together with a microcomputer form the basis of a fully 
electronic telephone get. With the telephone on-hook, the TCA 3382 
detects the presence of a call signal on the line and energy is derived 
from this signal to power up the system so that a ring melody generat- 
ed by.the microcomputer is heard at the loudspeaker. With the tele- 
phone off-hook, the received speech signal is heard at the loudspeaker. 
Sidetone and line length compensation of the speaker amplifier gain are 
provided by the TCA 3383. 


Power derived from Ring Signal 

Reset/Reset and Ring outputs for microcomputer 
Amplifier gain controlled by microcomputer 
Guaranteed ring signal detection limits 


On-chip protection against microphone/loudspeaker howl (“Antilar- 
sen”) : 

TCA 3382 B: Input Voltage of Switching Power Supply (Ring Mode) 
lower . . 


TCA 3382 A: Like TCA 3382 B but external feedback for loudspeaker 
amplifier gain. 


TCA 3382 BLOCK DIAGRAM 


TCA 3382 
TCA 3382A 
TCA 3382B 


TELEPHONE SET 
RING DETECTION 
AND LOUDSPEAKER 
AMPLIFIER CIRCUIT 


BIPOLAR INTEGRATED CIRCUIT 


24 PIN DIL PACKAGE 


ORDERING INFORMATION: 
TCA 3382-DP 
TCA 3382A-DP 
TCA 3382 B-DP 
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ELECTRICAL CHARACTERISTICS (Ta = 25°C unless otherwise noted) 


Speech Mode 


1) Inhibited Circuit 
(G1 = G2 = 0: pulled to VCOMM) 


Ve =14V 
Vcc Consumption Icc 
Line Current IEA 


2) Working Circuit 
(G1 #0; G2 # 0; G1 and/or 


G2 pushed to Vcc) 


Vcc Consumption (G1 = G2 = 1) Icc11 - 600 800 pA 

Vcc Consumption (Gq = 0; G2 = 1) 1cCCoO1 7 1.1 1.6 mA 
a) AVE =2V 

Line Current (IEA) lEA2 - 100 500 - pA 

Line Current Correction (ICOR) ICOR2 - 0.5 1 HA 

b) AvE = 2.9V 

Line Current (IEA) IEA29 5.5 7 9.5 mA 
Correction Ratio: k = IEA/ICOR k29 530 550 600 None 
Amplifier Power Supply (VEA) VEA29 Vcc-1 Vcc-0.6 Vcc 

c) AVE = 3.25 V 

Line Current (IEA) 1EA325 7 10 14 mA 
Correction Ratio: K = tgA/ICOR K325 530 550 610 None 
Amplifier Power Supply (VEA) VEA325 Vcc-i Vcc-06 Vcc 

d) Ave = 3.55 V 

Line Current (IEA) IEA355 10 12 17 mA 
Correction Ratio: k = IEA/ICOR K335 530 560 610 None 
Amplifier Power Supply (VEA) VEA355 Vcc-1 Vcc-0.6 Vcc 

e) AVE = 6.0 V 

Line Current (IEA) IEA6 11 14 18 mA 
Correction Ratio: k = IEA/ICOR K6 = 570 620 None 
Amplifier Power Supply (Vea) VEA6 7.5 8.5 Vv 


3) Any G1, G2 


Reference Voltage Input Bias 
Line Length Sense Input Bias 
Earphone Input Bias E2 

Microphone Input Bias 

Bias Current at Logical “O” (Gq or G2) 
Bias Current at Logical “1” (Gj or G2) 


1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 

Earphone Input Bias E4 1 
1 
1 

4) Gain Control 

Logical “O” Level (G1 or G2) 

Logical “1” Level (G1 or G2) 
2 
2 
2 
2 
2 
2 


VCOM 
NCGe -i 


GAS11 
Gasi1 i 


5) Ringing Information Off 
VRING 


6) Amplified Speech Gains 
Gy = G2 = "1" 
*TCA 3382 —- TCA 3382 B 
*TCA 3382 A 
a) Gain Variation (Ref. G7 = G2 = 1) 
G1 = "1"; G2 ="0 
G1 = "0";G2="1" 
b) Inhibited Amplified Speech 


AGAS10 
AGASO1 


G1 = “0”; Go = “0” 
“TCA 3382 — TCA 3382 B 
“TCA 3382 A 


7) Max. Power on Loudspeaker 
Gi = G2 = “1"; Distortion = 3% 


GASOO 
GASsoo 
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ELECTRICAL CHARACTERISTICS (continued) (Ta = 25°C unless otherwise noted) 


Characteristic Figure Symbol 


Speech Mode , 


8) “Larsen” Effect Cancellation 
a) VM2 =0.1 mV Peak 
*TCA 3382 - TCA 3382 B 
*TCA 3382 A 
b) Vui2 20.8 mV Peak 
*TCA 3382 — TCA 3382 B 

- *TCA 3382 A 


Gasi11Ao0 
Gas11Ao 


GAsi1A1 
Gasi1A1 


9) Amplified Melody/Supervision 
a) Gj = G2 = "1" 
Gain to Loudspeaker 
*TCA 3382 — TCA 3382 B 
*TCA 3382 A 
Gain to Earphone 
*TCA 3382 —- TCA 3382 B 
*TCA 3382 A 
b) G1 = G2 = “0” (Long Test) 
Gain to Loudspeaker 
*TCA 3382 — TCA 3382 B 
*TCA 3382 A 
Gain to Earphone 
*TCA 3382 —- TCA 3382 B 


3 
3 
3 
3 
4 
4 
4 
4 
4 
4 
4 
*TCA 3382 A 4 
4 
4 
5 
6 
6 
6 
7 
7 
8 
8 
8 
8 


GAM11 
GAM11 


GAME11 
GAME11 


GAMOO 
GAMOO 


GAMEOO 


GAMEOO 
c) Gain Variation (Loudspeaker) 
Reference G1 = G2 = “1” 

Gy = “1";G2 ="0" AGAM10 
AGAMO1 


Gi] = "0"; G2 = "1" 


Microprocessor Protection 
Limitation of Vcc - VCOM 


Start-Up Information 
1) Vec - VCOm = 3.2 V 


VRESET VRST1 

VRESET VRSTNO 

VRING VRGL32 
2) Vcc - VCOM = 3.7 V 


VRESET VRSTO 
VRESET VRSTN1 
VRING VRGL37 


Ringing 


1) Ringing Information 
a) | = 2.8 mA; VRING 
b) | = 8.5 mA; VRING 

2) Max. Loudspeaker Power 

|= 14 mA; VMm = 1 kHz Large Square Waves Signal 

VHP peak to peak 

*TCA 3382 

“TCA 3382 A —- TCA 3382 B 


3) Amplified Melody (I = 8.5 mA) 
a) G1 = G2 = “1”; Gain to Loudspeaker 
*TCA 3382 — TCA 3382 B GAMR11 
*TCA 3382 A GARM11 
b) Variations to Loudspeaker 
Reference Gj = 1; G2 =1 
G1 = "1"; G2 = “0” AGAMR10 
Gy 0" G22 "1" AGAMRO}1 


4) Input Switching Power Supply 
|= 8.5 MA; Vp 

*TCA 3382 

*TCA 3382 A —- TCA 3382 B 


5) Correction Saturation 
|= 8.5 mA; VICOR 
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MAXIMUM RATINGS | 


Value 


Operating Ambient Temperature 
Storage Temperature 


—20to +60 
-65 to +150 


Operating Junction Temperature 


150 


Thermal Resistance(Plastique Package) 


CIRCUIT DESCRIPTION 


On-hook mode 

In this mode, the functions realized by the TCA 3382 are: 

@ Threshold detection of a ring signal current, normally provi- 
ded by the TCA 3381, establishing the power for the micro- 
computer via the TCA 3383 power supply output. 

@ Logic signals RING, RESET and RESET for the micro- 
computer. : 

@ Amplification to the loudspeaker of a ring melody signal 
(square waves) generated by the microcomputer. 

@ Control of amplifier gain by two bits from microcomputer. 
In this mode of operation, the current consumption of the 
TCA 3383 is limited to 600 HA typically in order to allow the 
maximum of power to drive the loudspeaker. 
The ring melody applied on pin 7 is active when the signal rea- 
ches 1.5 V above COMM (pin 2). Above this level an audio signal 
on this pin is transmitted analogically to the HP output (loud- 
speaker) and to the earphone. Below this level the HP output 
maintains a steady DC level equal to VCC/2 (VEA/2 in Off-Hook 
mode). 


TCA 3382 PIN DESCRIPTION 


: Positive power supply, voltage controlled 
externally e.g. by TCA 3383 (pin 28). Ampli- 
fier power supply in ring mode. 

: Most negative voltage of line bridge. 

: Digital ground. Regulated 4V supply is provided 
between VCC and VCOMM by TCA 3383 in 
Off-Hook mode. 

: Ring signal sense 
supply input). 

: Switched supply. A square wave signal 
(50 kHz typically) appears between Vp and SS 
for switch-mode power supply to external PNP 
transistor. 

: Amplifier power supply in amplifier speech 
mode, derived from V‘c. 

Must be decoupled by a grounded capacitor. 

: Unregulated supply from pin 15 of TCA 3383. 

: Part of DC line voltage needed for loudspeaker 
amplifier peak current limiting as function of 
line length. Must be connected to pin 17 of 
TCA 3383. 

: Input: 2.4 V provided by TCA 3383 as a refe- 
rence for current limiting as function of line 
length, connected to pin 25 of TCA 3383. 

: DC current feedback to pin 13 of TCA 3383 
providing a compensation to retain same line 
current/voltage characteristic when TCA 3382 
is connected. 


Vcc 


GROUND 
COMM 


Vp input (Switching power 


SS 


ICOR 


70 to 95 


Off-hook mode 

In this mode, the 3382 is powered by the TCA 3383 and provi- 
des a voice signal amplification. The voice signal inputs (pin 8,9) 
are directly connected to the earphone output pin 4 and 5 of the 
TCA 3383. 

The mean current of the output amplifier (pin 13) is controlled as 
a function of the line length by the TCA 3383 and, due to Icor 
(pin 17) the total current consumption of the system respects 
the same limits of line current/voltage characteristic as the TCA 
3383 transmission circuit alone (see TCA 3383 data sheet, fig. 
8). The gain of the speaker amplifier can be set by two logic 
inputs G1, G2 (pin 20,19). If G1 =G2=0, the speaker amplifier 
is turned off. 

The power delivered to the loudspeaker is a function of the line 
length and the loudspeaker impedance (50 2 recommended). A 
system (Antilarsen) minimizes the howling caused by 
mic./speaker coupling. 


DECOUPLE ~ : Decoupling capacitor to COMM for sidetone 
cancellation by howling effect. 

INT. : Connection for integrator capacitor for micro- 
phone sidetone reduction and minimisation of 
howling caused by mic./speaker coupling. 

MM : External ring melody inputs. 

HP : Loudspeaker output. Typically loaded by 50 Q. 

LP : Connection for external feedback between LP 
and HP (TCA 3382 only). This feedback is 
internal (typ. 220K) in TCA 3382 and TCA 
3382 B. 

MIC1, MiC2  : Microphone inputs for howling effect sensing. 

E1,E2 : Earphone inputs for amplified speech. 

G1, G2 : Logic inputs for gain control of loudspeaker 


amplifier. 

Push-Pull outputs saturated to VCC or VCOMM 

logic signals for microcomputer initialisation or 

re-initialisation. 

RESET follows VCC if (VCC - VCOMM <3.4 V 

(typ.) 

RESET = VCOMM for (VCC- VCOMM > 3.4 V 

(typ.) 

RESET = VCOMM for (VCC- VCOMM <3.4 V 

(typ.)_ 

RESET follows VCC if (VCC - VCOMM >3.4 V 

(typ.) 

: Open collector output saturated to VCOMM 
during ring signal. MUST be pulled up. 


RESET, RESET: 


| 


= 
Zz 
a 
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BASIC TEST CIRCUIT 


, Vi 
vc BC327 : 
ICOR ee . 
2,.2mH 
V'R M1 
— m2 
tpt = 15nf 
Vcc TCA3382 
= 220uf TCA3382A 
ot ie | TCA3382B 
10 uf am 
G1 HP 
G2 : 500kna on 
‘> TCA 3382A 
Voom only 
3,3V nf 
Reset 
Reset E2 
Ring MM 
GND . 
VEA 
220pf 
FIGURE 1 — SPEECH MODE CURRENTS/VOLTAGES MEASURES 
lEA 
Vic=Min lcor 
(14V: Ave 02,45) 
3,6V() IAVE 
| ” 
V'R 
O ; ( )1,.2V 
2,4V( ) = toVcom 
Icc ‘5 
oO 
Fe G 
5.2VC) Logical 1or 0 = 
Logical lor O . 1 
ogical lor 
g ig 3 E1 
= ()2,3V 
\ 
12V E2 
O Reset 
Vcc satiate ()2,3V 
Reset tov 
100kn Ls OVcom 
Ring Gp =VEA 
VRing t 


~VeEA Mesure 
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FIGURE 2 —- SPEECH GAINS/MAX. LOUDSPEAKER POWER 


87VC) 
36VC) 
3,55V( ) a 
24vC) 'oVcom 
~ 
5 
3 | 
Vv re) 200uf 
5,2V() aaats ea H 50n { Vip. PL 
| e 
lorO G2 a) 
77] 
0 
i) ie | $200 eee 
1,2V 
Reset 
Reset O) 2,3V 
to Vcom 
Ring Gup Vea 
FIGURE 3 —- ANTILARSEN 
87VC) 
3,6V( ) 
to Vcom 
355VC) 400n 
24vC) . VM2 1, 0 3,7kHz 
s | 220pf “() 
= 
5.2V ed S) Vcom 
Y rf VuP!| 501 
ae 
re 
& E1 
‘ oon yf CQ KH 
200n y, z 
12V0) 5 Be 
Reset MM Vcom ) 2.3V 
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FIGURE 4 — AMPLIFIED MELODY 


ae 8,7VC) 
oe | 
3,55V() 
24V ‘ 
‘Ss 
2 
5 
5.2V0) lorO = 
2 
1orO a?) 
” 
& 
Vcom © 
12V . 
O) Reset 
Reset 
Veom 
FIGURE 5 — LIMITATION OF VaL 
- Vcom 
- 
‘5 
e 
& 
3 
VAL Max G2 e 
.7) 
© 
Veom  ® 200 
Reset 
Reset Vcom 


Ring Gup__VEA 
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FIGURE 6 - RESET, RESET, VRING for VaL = 3.2 V 


Vcom 


Basic Test Circuit 


100k 


Vring 


FIGURE 7 — RESET, RESET, VRING for VaL = 3.7 V 


to Vcom 


Basic Test Circuit 


Reset 


Reset 


as Ring Gup = VEA 
Vring 
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FIGURE 8 - RINGING 


Closed for 
ce only I 
{Vp 
Vicor t 10pA 
Vcom 
GND = 
Nd 
3 
1orO - VHP 
pg 
1orO re) 
O 
; yo} 
Vcom  ™ 200n 
Reset 
Vcc 


Reset 
ers ~~ Vecm+18V 
Ring GND VEA fd 


Vcom 
V 


ring 


TIMING EXAMPLE 


Disconnect dial pulse (“4”) output (ND) from the microcomputer. Microinhibit 
(IM) can go low with ND (or MF) but not before. G1, G2 should be different from 
0,0 between train of pulses in order to load the capacity'cl (see application circuit). 
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Lg9-¢ 


ViVd S0IAAG SNOLLVOINNWWOO0ST3.L VIOHOLOW 


tka pf 250V 
“On -Hook” 
Position 
[Soe oe pee a 
! + 
IMa F b Over -+ 
; I isaea| Lo ee Voltage | || Line 
0 Posi ty 
aan osition 
MDA204 


130kn 560k saci 


Earphone Mute >———— 7 21 ul 


Mic. Mute TCA3383A 
Disconnect Dial or 
Pulses TCA3383B ees 
DTMF Cc 
° 47nf 7 : 
180kn — to pin27 
22 " (TCA3383)) ri 
KS 2n 1N914 sold 
15nf 
15nf ee ieee 
TCA 3382 ewer 
| 50 
Ring Melody 
O,lpf 
100 10V 
-, 220pf pf ab 
a 10V 
LWA Pape | 
Ring Reset Reset G1 G2 500 kX 
open Collector (TCA3382Aonly) 


ALL RESISTORS 1% EXCEPT (@) = 5% 

AVOID TANTALUM CAPACITORS 

RECOMMENDED EARPHONE IMPEDANCE: 2002 (WITHOUT SERIAL RESISTOR) 
ALL LOGIC SIGNALS REFERENCED TO COM (INCLUDING DTMF) ! 


CO06 


ACBEE VOL “VZ8EE VOL ‘Z8EE VOL 
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RING 


80V 


t(ms) 


RING 
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TECHNICAL DATA 
TCA 3383 A/B 


TELEPHONE SET TRANSMISSION CIRCUIT 


The TCA3383A and TCA3383B telephone set transmission circuits TELEPHONE SET 
replace the hybrid transformer in a telephone set, include transmit and 

receive amplifiers and provide line matching and sidetone cancellation. TRANSMISSION CIRCUIT 
Automatic gain control is available for line length compensation. 
Together with companion TCA3381 and TCA3382, plus a CMOS BIPOLAR INTEGRATED CIRCUIT 
microcomputer, a fully electronic telephone set with loudspeaker ampli- 

fied reception can be built. 


e Nominal transmit and receive gains accurate to +1 dB 
e@ Automatic preset sidetone network adjustment, compensates for line 
length variations 
@ Optional microphone and earphone amplifier automatic gain control 
to compensate variations in line length 
e Regulated D.C. output to power external circuitry TDS 
e Multifrequency or Loop Disconnect Dialling Inputs 


e@ Mute facility for transmit and receive amplifiers 
28 PIN DIL PACKAGE 
Ordering Information: 
TCA 3383 A-DP/TCA 3383 B- DP 


e@ Low noise 
e@ Low current consumption. 


TCA 3383 BLOCK DIAGRAM 


MULTIFREQ: C5 


CURRENT 
REGUL ATEO FEEDBACK 
O 


VOLTAGE NETWORK 
SOURCE 
DC LINE MYSTERESIS 19 SIDET 
VOLTAGE Y pein 
© 


CURRENT 
MIRROR 


LOOP DISCONNECT 


EARPHONE 
DIAL 
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RESOLUTE MAXIMUM RATINGS 
| Value 


eieee enperetuie —— —65 to +150 = 


Thermal Resistance: Plastic Package 


ELECTRICAL CHARACTERISTICS (Ta = 25°C) 


Characteristic 

Start-up Characteristics (ICH = 1mA max) 
Line current (VE >10V) 
Q2 Emitter voltage (ILD <28 mA) 
Start-up delay time 
(Cy = 220 pF, C5 = 2,2 pF) 
Power Supply Characteristics 
(—25°C = Ta = 70°C, ICH = 1 mA) 
Line current (VE > 11 V) 
Q2 Emitter voltage 

lL = 15 mA 

IL= 25 mA 
Regulated supply: 

Voltage (VAL = Vcc — VCOM) 

Regulation (O < ICH < 3 mA) 
Internal supply: 

Voltage (ICH = O) 

Regulation (0 < ICH < 5 mA) 
Output impedance (0 < ICH < 5 mA) 
Transmit Gain 
(300-3400 Hz) 
TCA3383A 
Nominal gain, DC Resist. = 1280 Q, 0 dBm on line 
Short line gain, OC Resist. = 300 Q, 0 dBm on line 
TCA3383B 
Nominal Gain, DC Resist. = 1280 Q, 0 dBm on line 
Short line gain, DC Resist. = 300 Q, 0 dBm on line 


Receive Gain 

(300-3400 Hz) 

Nominal gain, DC Resist. = 1280 Q — 10 dBV receive level 

Short line gain, DC Resist. = 300 Q, — 10 dBV receive level ; ay 5 


Line Terminating Impedance 

(IL 218 mA) 
300 — 500 Hz pa 
500 —.3400 Hz 


Microphone Amplifier Input Impedance 
TCA 3383 A 
TCA 3383 B 
Earphone Amplifier Output Impedance 
300 — 3400 Hz 
Common Mode Rejection 
Receive amplifier 
Microphone Muting 
Gain reduction (300-3400 Hz, IL = 18 mA, OdBm, Vinj = VIMH min.) 
Mute level “High” (COMM = Reference) fk 


300 — 3400 Hz 


Mute level “Low” (COMM = Reference) : ViIMB 
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ELECTRICAL CHARACTERISTICS (continued) 


~~ Characteristic 


Figure | Symbol | Min | typ | Max | Unit 


Earphone Muting 

Gain reduction 

(300-3400 Hz, I > 18 mA, —10 dBV, Vig > ViIEH) 
Mute level “High” (COMM = Reference) 


Mute level “Low” (COMM = Reference) 


Logic Ports Input Current 

IM, 1E, ND 

Dratiing input Characteristics 
Input “High” 


Input “Low” 
Open loop line current (VE = 46.5V) 


Switching of Sidetone Network Resistors 
Q2 Emitter voltage, B off 

Q2 Emitter voltage, Bon 

“ON” Resistance B (300-3 400 Hz) 

“OFF” Resistance B (300-3400 Hz) 


4 AHR —60 | -69 S dB 


VIEH VAL 7 = Vv 


Transmit Harmonic Distortion RBC < 1280 Q 
Line level +3 dBm (F = 1kHz) 

Line level +6 dBm (F = 1kHz) 

Receive Harmonic Distortion 

RBC < 1280 Q, Rphone = 200 Q) 
Receive level —11.5 dBV (F = 1 kHz) 
Receive level —10 dBV (F = 1 kHz) 
Receive Noise 

Transmit Noise (e = OV, DCR = 300 Q) 
MF Input Gain 

Pin 18 to line (600 Q) 


VesOrF | 10.5 | 11.2 - Vv 

VEKON = 11.2 13 V 

RONB = - 2 KQ 

ROFFR 100 - = KQ 
; 


MF Input Impedance 

Side Tone Cancellation 

F = 300 — 3400 Hz 

DCR = 1280 Q 

—~ 10 dBV (316 mVRpys) on line 


WwW Wilartn 


Note: The line voltage is equal to the voltage on the emitter of Q2 (VE) plus the forward voltage drop across the diode bridge (max. 1.5 V). 


TCA3383 A/B TELEPHONE SET TRANSMISSION CIRCUITS 


CIRCUIT DESCRIPTION (See block diagram) 


The TCA3383 A/B bipolar integrated circuits interface the 
microphone and earphone of a telephone set to the two-wire 
Circuit of the telephone line. Controlled gain amplifiers are 
included for the microphone signal output to the line and the 
incoming line signal to the earphone. Automatic switching 
between two preset sidetone networks® is available and 
inputs are available for either multifrequency (DTMF) or loop 
disconnect dialling. 


DC SUPPLY (See block diagram) 


Power for the IC is derived from the line via external transis- 
tor Q, and pin 1, which supply current to the Vcc rail inter- 
nally. 

C, is a smoothing capacitor for the unstabilised 5V supply 
voltage Vcc (pin 28 — pin 14). The 4V stabilised supply bet- 
ween COMM and V¢c (pin 28 — pin 8) is smoothed by C,. 
Power is available for external circuitry such as DTMF gene- 
rator, MCU, etc. 

In the start-up condition immediately after connection to the 
line C, (Vcc) is charged rapidly by biasing Q, on via Q,, which 
in turn is biassed on by the resistor networkR,, R3,R, andthe 
internal circuitry on pins 26, 27. Fig. 8 shows the typical line 
current vs line voltage characteristic of the circuit and fig. 9 
shows the typical regulation of the supply voltages (pins 
28,8) as a function of external load current. 
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CONTROLLED GAIN 


The gain of the microphone amplifier and earphone amplifi- _ 


er can be automatically controlled by the D.C. level onthe line 
by the divider R3/R, on pin 20. Additionally, the DC line vol- 
tage sensed at pin 17 is used to switch in or out additional 
resistors in the sidetone network to obtain preset levels of 
sidetone cancellation as a function of line length. 


Fig. 11 shows how to suppress, with two diodes, the AGC for 
microphone and earphone if the compensation in line length 
is not needed. 


The variation in amplifier gains between different units under 
given conditions is tightly controlled in manufacture — nomi- 
nal gain variation in transmission is +1 dB max, so that the 
performance in a given system is well defined. 


MUTE FUNCTIONS 


Separate microphone and earphone muting is provided 
through pins 10 and 7 respectively if they are logic level 
“high”. 


Muting is also provided during the start-up delay time. 


DIALLING 


Loop disconnect dialling pulses can be applied at pin 16 
(“High” to disconnect). In order to avoid dial clicks, the ear- 
phone and the microphone amplifiers ought to be muted 
externally by applying a logic “1” on pin 7 and 10. 


The line current is interrupted by switching of the transistor 
Q, which obtains emitter drive from amplifier Az, which in 
turn derives its supply current from the current mirror con- 
trolled by the AND gate at pin 16. 


Multifrequency dialling tones can be transmitted to the line 
via pin 18, which is linked internally to pin 9 via a 80k resistor. 


*See application circuit: R8 serial + R9, C6 parallel to 
ground when beta OFF or R8 serial + R9, C6, R11 parallel to 
ground when beta ON (short line) 


PIN DESCRIPTION 


Pin 1: Vc 


Pin 2: 
Pin3: 


v'c 
VEAR 


Pin 4,5: €1, E2 


Pin6: 


Pin 7: 
Pin 8: 


Ping: 
Pin 10 
Pin 11, 


Pin 13 : 
Pin 14: 
Pin 15: 
Pin 16: 
Pin 17: 


Pin 18: 
Pin 19: 


Pin 20: 


Pin 21: 
Pin 22, 


Pin 24: 
Pin 25: 


Pin 26: 


Pin 27 


Pin 28: 


ECONT 


IE 
COMM 


IAC 
: IM 
12: M1, M2 


ICOR 
GROUND 
V'C 


ND 
AVE 


MF 
Beta 


VCONT 


IREG 
23 : C1, C2 


VAC 


VR 


VDEM 


>: V'DEM 


Vcc 


Low voitage line image _ 

Speech signal to earphone 

Negative input of earphone amplifier 
Earphone connections 

Speech signal to earphone, con- 
trolled in function of line length 
Inhibit earphone (Active “High”) 
internal reference. External available 
ground. 

Input of AC line current amplifier 
Inhibit microphone (Active “ High”) 
Differential input for 2-wires micro- 
phone 

Input of DC line current controller 
Most negative voltage 

Analog signal output to line. Line 
terminating impedance matching 
Loop disconnect dial pulses input 
(“High” to disconnect) 

DC line voltage sense input 

DTMEF input 

Open collector output to switch side- 
tone network with regard to line 
length 

Part of DC line voltage for gain con- 
trol of microphone and earphone 
amplifiers with regard to line length 
and Controlling DC part 


Current line regulation control 
Connection of an external capacity 
(typ. 470 pF) for interna! stability - 
Op-amp output for AC impedance 
transfer 

Op-amp negative input for AC 
impedance transfer 

Internally input connected to 
ground, except during start-up 
phase, providing then the control 
on external transistor Q1 

Output to be connected to the base 
of external transistor Q1 

start-up characteristic 

Positive supply, regulated to 4.0 V 
between Vcc and COMM 
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FIGURE 1 - BASIC TEST CIRCUIT 


86.6k Ol 


R1 C3 


26 


25 20 17 27 


ND OQ 0 Veco 
10 S™C2 : 
IM © TCA 3383A/B 4 COMM 
220m C1 
IE Q O GROUND 
12 23 224 
: 270pf 1p 2, 2p | 
+ 
| c4 C7 c5 : 
= . e af) ~ () ° e - ——— © CED a eo. @ ° me oo _ | 


MIC EARPHONE MFINPUT 


FIGURE 2 - ILp. VED. tp. IL. VE. VAL. Vec. BR TESTS 


COMM AVCC 


Z = 
OUT cH (mA) - Feu (OmA) 
MIC EARPHONE with ICH = 1mA 
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FIGURE 3 - Gen. GEc. Ze, AHM. VIMH. VIMB. BE TESTS 


GEN = Gg for nominal lines 
GeEc = Gg for short lines 


@® Lw>>6009 


1/Cw << 600 Q 


UE (IM = 0) 
AHM = 20 log ————— 
ne SUelim=1 
Ge = 20 log VE 
e€ 
ZE= VMIC - R° 


[eee ~ 


“R= 400 QOfor TCA3383 A 
R= 14000 Q for TCA3383 B 


UEAR 
G =2 | eee A 
ST = 20 log 1V 


EARPHONE 


(Note: Aum. Ge. Be, GST with R = 400 Q) 


FIGURE 4 - Gan. Grc. Zp. ZR. AHR TESTS. 


GRN = GR for nominal lines 
GRC = Gr for short lines 


VB 


UEAR (I = 0) 


AHA = 20109) R= 4) 


UEAR 
GR = 20 log ——— 
R og UE 


VB - Ue 


2p = SOO (UEAR (400) — UEAR (200) 
2 UEAR (200) — UEAR (400) 


(REAR = 400 Q or 200 Q for ZR calculation) 


comm MIC VEAR 
e EARPHONE 
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FIGURE 5 - COMMON MODE REJECTION — RECEIVE AMPLIFIER TEST CIRCUIT 


COMM 
UEAR (Vc = 20 mV; VZA = OV) 


<-> R = 201 
2008 VEAR cM se UEAR (Vc = 20 mV; VZA = 20 mV) 


FIGURE 6 - VE Rons Ror: TEST CIRCUIT 


TEST CIRCUIT FIG.1 
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60 


50 


4b 


30 


20 


10 


FIGURE 7 - MF TRANSMISSION 


Vv 
CO Ve n 
GMF = 20 log Vaan 
COMM Mr 
FIGURE 8 - DC SUPPLY MASK FIGURE 9 ~ TYPICAL REGULATION CHARACTERISTICS 
{including diou Bridge) OF SUPPLY VOLTAGES 
! 
: : 
, ‘= 1 A 
5 Vee ("cH = mA) PIN28 


Vat¥cc-Vcomm! 


l 
(ley = 9) Yoomm = | CH | cH 
3 
PINS PING 
2 a 
COMM 
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FIGURE 10 - TYPICAL VARIATION OF TRANSMIT AND RECEIVE GAINS WITH LINE VOLTAGE 


(dB) 


10 20 30 40 50 V,(V) 


FIGURE 11 —- TCA 3383 A/B BASIC APPLICATION CIRCUIT 
ND, IM, IE tied to COM if not used. 


Typical Application 


© 01,D2 IF AGC NOT REQUIRED 


DIODES 


To Subscriber Line 


MF INPUT 
18 1 


C2 


SIDE TONE 
NETWORK 
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COMPONENT LIST — APPLICATION FIGURE 11 


1. Transistors 


Bomin 
Type Vv i 
we | | veeomin | (Ic = 10 mA) 
MJE350 150V 30 
BF393 150V 30 


2. Diode bridge: MDA 204 


Q2 
Q1 


3. Resistors 
R1 =86.6KQ +1% 
Ro = 130KQ +1% 
R3 = 560KQ +1% 


R4 = 1MQ +1% 
R5 = 100KQ +10% 
Rg = 102 +1% 


R7 = 200Q0. +1% 
Rg + Rg = 12 K for 600Q line (modulus) 


4. Capacitors 

Cj 220uF V= 6V 
C2 = 10ypF V= 5V 
C3 = 100uF V=20V 
Ca = 270pF V= 6V 
C5 = 2.2 pF V= 5V 
"Ce = 33 nF V=10V 
C7 = 1.0 pF V= 5V 


* indicative value 


FIGURE 12 — CALCULATION OF SIDETONE NETWORK 


In balance, Uearphone resulting from Umic = 0 


ie Uy = U2 


2ST 


ZL 
hence -——— = ——~—_— 
ZL + RE ZST + R7 


thus ZST = ZL a 
R6 


(For ZL = 600 Q, Rg = 10, R7 = 200 Q=ZsT = 12K) 
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FIGURE 13 — START-UP PERIOD (See block diagram) 


Vec | 
| 
REGULATION | 
|OF CALLING CURRENT | 
| | | 
.CL LOAD | ! 
0 | ! | t 
! || 
Vcom | | | 
‘ 1 


START-UP OF REGULATED VOLTAGE SOURCE 


2Vv 


0 REGULATION TO 4V BETWEEN Voc ANDVcom t 
| | | 

ho | | | 
| | | 

| 


| _ 
0 
PHASE1 | PHASE2 IPHASE STEADY 
| PERIOD 
tp 
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TELEPHONE RING SIGNAL CONVERTER 


PIN ASSIGNMENT 


- The TCA3385 is a high density bipolar telephone ring converter. | 
This circuit is designed for use with the TCA3386 (speech circuit 
and monitoring speaker amplifier). These devices, together with a 
microprocessor form the basis of a fully electronic teléphone Set. 
In On-Hook position, ‘this circuit detects the presence of a ring 
signal on the line, sends this information to the MPU and powers 
all the system (MPU and TCA3386). Energy is derived from ring 
line signal. A switching regulator, with high efficiency, converts 
the available high voltage, low current into a low voltage, high 
current. 

Threshold level detection and input impedance may be set by an 
external resistor. 

The output for microprocessor can optionally contain ring signal 
frequency information which can be used by the microprocessor, 
to distinguish between different tones (useful for German 
specifications). This circuit includes protection against over- 
voltages. 


Power derived from Ring Signal 
Regulated supply voltage: 5.25V 

Ring detection output for microprocessor 
High efficiency switching regulator 

Line impedance matching, programmable 
Threshold ring detector, programmable 
Lightning and mains protection. 


This document contains information on a new product. 
Specifications and information herein are subject to change without notice. 
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Product Preview 


FEATURE TELEPHONE SET I.C. 


TCA3386 is designed to be used in mid- and high-end 
telephone sets, associated with a microcomputer. It contains the 
circuitry for the d.c. mask, transmit and receive amplifiers, 2-4 
wire conversion, impedance matching, sidetone balance, for a 
high performance speech circuit. It also contains a monitor 
amplifier to drive a loudspeaker, with anti-acoustic feedback. Tone 
generators for dtmf dial and ring signal generation are also on 
chip. 

The d.c. mask, volume control, muting, dial pulse timing, dtmf 


2 


P SUFFIX 


frequencies and levels, ring tones, and monitor functions are all 
programmable/controllable through the 2-wire MCU port. Power PLASTIC PACKAGE 
supply and reset for the MCU are provided, and the TCA3386 can CASE 710 


be used in ring mode with the addition of the Ring Power circuit 
TCA3385. TCA3386 is implemented in an advanced high density 


bipolar process. 


MCU controlled feature telephone set with integrated 
loudspeaker monitor. 

Software programmable d.c. mask (France, UK, German, 
PABX) 

2-4-wire conversion with programmable impedance and 
sidetone balance, and automatic adjustment with line length 
DTMF and ring tone generator, with timing and level controlled 


by MCU 
2-wire serial MCU port, and regulated d.c. supply with reset FN SUFFIX 
PLCC-28 
for MCU 
CASE 776 


Loudspeaker monitor with anti-howl circuit and automatic 
power adjustment to available line current, and facility to 
inter face external Speakerphone (MC341 18) 
e Uses low cost 500 kHz ceramic resonator 


INTERFACE ACOUSTIC FEEDBACK 
LINE MICRO THRESHOLD 


NETWORK POWER LIMITATION 


DTMF 
AND 


RING 
GENERATOR 


ELECTRET MICRO. 


EARPHONE 


LOUDSPEAKER 


This document contains information on a new product. 
Specifications and information herein are subject to change without notice. 
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| Product Preview . | | 


bP 8 SPEECH CIRCUIT 
The TCA3388 is a high density bipolar telephone speech net- 
work.to replace the hybrid circuit in a telephone set. | P SUFFIX 
This circuit includes sidetone balance, microphone and push PLASTIC PACKAGE 


pull earphone amplifier with loop length compensation, program- CASE 738 
mable impedance (real or complex), programmable DC mask . 
(French, UK Low voltage and PABX configuration for each), direct: 
interface for a DT[MF/pulse dialer (adjustble DTMF input, pulse 
input, hook status output and mute input), regulated power supply | a ; 
and protection against excess signal voltage. mre 

Design precautions have been taken to increase RFI immunity. 1 DW SUFFIX 
This circuit associated with a DTIMF/pulse dialer (MC145516) PLASTIC PACKAGE 


and a tone ringer (MC3401 7) forms the basis of a low cost 
telephone set. cans 751D 


e Low voltage, low current operation: high peak-to-peak signal 

on the line 

DC mask programmable by external pins PIN ASSIGNMENT 

2 to 4 wire conversion . 

Programmable impedance (real or complex) 

Programmable sidetone balance with automatic line length 

tracking 

e Automatic line length receiving and sending gain control 

¢ Microphone amplifier with externally ad justable gain (piezo or 
electret transducers) 

e Earphone push pull amplifier with externally adjustable gain 
(piezo or electrodynamic transducers) | 
Mute facility for transmit and receive amplifier 

e Regulated supply voltage (3.6V) with high output current 

capability 

Protection against excess signal voltage 

Interface for DTMF/pulse dialer 

Positive and negative logic input for pulse and mute « 

Hook status output 


eee @ 
= ONOWOOAWHND = 


‘MC 145516 
DTMF/PULSE 
DIALER” 


TCA 3388 “MC 34017 


~ SPEECH 


CIRCUIT TONE RINGER 


LOW END TELEPHONE SET 


This document contains information on a new product. 
Specifications and information herein are subject to change without notice. 
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TCA 3388 BLOCK DIAGRAM 


e Hook Status 


loop status 
PABX 


e Mute Input 


pulse dial & mute 


© & Pulse Input 
C) . 
0 <i a ae 
| by oe Mask Select 
ec a @ See 6 DTMF confidence 
= < 
pF aE . 
ro) 
ee 1~ | A 
N O 
N QO iz 
6 aa @ 
> 
x= 
N 
oc 
e C) 
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160 
Low Voltage 


140 
120 
Line 100 
Current 
(ma) 80 peda es senaritea ee 
60 — UK 
40 French 
20 
6) 
0 10 20 30 ‘40 — 50 60 70 
Line Voltage (V) _ 
TCA 3388: DC MASKS 
Relative 
Gain (dB) 
~ Line Voltage (V) 
TCA 3388: GAIN REGULATION 
12 Max. Gain Ref. Level: 12dB 
ORE [pe Se eA ee Fr & LV 
8 
Relative 
Gain (dB) § 


1) 10 20 30 40 50 60 70 
~ Line Voltage (V) ° 


TCA 3388: GAIN REGULATION, PABX MODE 
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PIN DESCRIPTION 


1:RXI - Input for Earphone Amplifier and 
Confidence Tone 
This pin receives the line signal via the hybrid balance 
and gain regulation circuits. A confidence tone (current) 
may also be applied to this point. 


2:TXI - Microphone Current Amplifier Input 


3:MIC - Microphone Negative Supply 


Bias current from the electret microphone is returned 
to ground through this pin. 


4:LAO - Line Interface Drive Amplifier Output 


This pin controls the base of the high voltage line inter- 
face transistor. 


5:LAI - Line Interface Drive Amplifier Input 


This pin receives the AC line voltage from the input 
impedance network and the current for DTMF signall- 
ing. The circuit input impedance is determined by line 
voltage and current feedback to this pin (which is at vir- 
tual earth). The line current signal developed at pin 11 
and transferred to pin 10 is received via R14 and the line 
voltage signal via the network ZO. 

This pin may also receive a current for DTMF 
signalling. 


6:HYL - Input for Long Line Hybrid Network 


7:HYS - Input for Short Line Hybrid Network 


The line signal is received between pins 6 and 10 and 
between pins 7 and 10. Pin 6 is connected to a network 


providing hybrid balance for long lines and pin 7 toanet- | 


work providing hybrid balance for short lines. The 
received signals are weighted, according to the line 
length detected, summed and fed via the gain regulation 
and mute circuit to the earphone amplifier input (pin 
1). 
Both the hybrid balance impedance and the gain are 
therefore adapted to the line length. If this pin 7 is left 
open, the circuit will operate with a fixed hybrid balance 
impedance defined by the network on pin 6. In PABX 
mode, the receive mode and hybrid balance impedance 
are independant of the line length. 


8:CM - Mask Decoupling Capacitor 

For a return loss greater than 20 dB, and an imput 
impedance equal to 600 ohms at 300 Hz, C = 
0.68uF. 
9:IMP - Impedance Network Return Point 


10:SAO - Line Current Sense Amplifier Output 


11:SAI - Line Current Sense Amplifier Input 


Voltage at this pin is proportional to the line current 
(I line x R2). 


12:DCM - DC Mask Selection 

Four dc masks are selected according to the DC 
voltage at this pin. An internal current generator sources 
(loop closed) or sinks (during line break) a constant 
current. The DC mask can be chosen by connecting 
appropriate external components (resistor, capacitor, or 
resistor plus capacitor) between this pin and ground. 


13:HSO - Hook Status Output/PABX Mode 


This pin is a digital output and reflects the status of the 
loop. HSO is high when the loop is closed, and low when 
loop is open. This pin also sets PABX mode if the load 
current is greater than 20uA. In PABX mode the 
transmission and reception gains are fixed. The hybrid 
balance impedance is fixed whether a single or double 
network is used. 


14:PI - Pulse Dialing Input 


This pin is a bidirectional input current for pulse 
dialing. 


15:MUT - Mute Input 


This pin is bidirectional input current for combined 
microphone and earphone mute. 


16:l Ref - Reference Current 


A programmable resistance connected to this pin sets 
a reference current for the circuit. 


17:Vo, - Regulated Supply Voltage 


18:GND - Ground 
This pin is ground for the entire circuit. 


19:RXO - Receive Amplifier Output 


This pin is the output of the first receive amplifier. 
Receive gain is set by connecting a resistor between 
RXO and RX1. 


20:RXO - Complementary Receive Amplifier 
Output 


This pin is the output of the second receive amplifier. 


Protection Mode 

Protection is incorporated. Detection of excess con- 
tinuous or signal voltage causes a transfer to a low dis- 
sipation mode after a delay. 
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TCA4901 


| | Product Preview 


HV SUBSCRIBER LINE INTERFACE 
(HV MALC), 


The TCA49071 is the high voltage line interface circuit part of the Switch Mode Power Supply for optimum power saving 
Motorola Advanced Line Card system (MALC). Together with the Step Down to Feed Short Loop 
TCA4905 PCM Subscriber Line Interface Circuit, it performs the Step Up to Supply Up to -80V to Long Loop 
BORSCHT functions for an analog subscriber line for Central Office Power Down and Power Denial 
or PBX exchanges. The TCA4901 contains current amplifiers which On Chip Temperature Sensor 
act as slaves to the low voltage device. It is equipped with Buck- Test and Unbalanced Ring Relay Driver 
Boost switch-mode power supply unit for optimum power dissipa- Common Mode Simulation to Calibrate Longitudinal 
tion, and has an on-chip temperature.‘sensor in case of excessive Rejection 
power dissipation. TCA4901 is fabricated in a Dielecrically isolated Standard Battery of -48 Volts (-20 to -80 Volts) 
process, with a voltage handling capability of over 150V. 


BLOCK DIAGRAM . 


RRO INTERFACE 
TRO 
TIP ut 
COMMON 
MODE 
SIMULATION 
RING. 
RING ut ia 


TEMPERAT 
SENSOR TSO 


LOGIC FI/PDE 


PDI 
PSCK 


SWITCH MODE 
POWER SUPPLY 


This document contains information on a new product. 
Specifications and information herein are subject to change without notice. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-676 


MOTOROLA | 
=e SEMICONDUCTOR = 


TECHNICAL DATA 
TCA4905 


PCM SUBSCRIBER LINE CIRCUIT 
(LV MALC) 


The TCA4905 is the low voltage digital signa! processing VLSI 
circuit part of the Motorola Advanced Line Card system (MALC). 
Together with the TCA4901 High Voltage Line Intertace Circuit, it 
performs the BORSCHT functions for an analog subscriber line for 
PCM Central Office or PBX exchanges. The TCA4905 contains: 
D/A and A/D converters; digital filters to define balance and input 
impedance and receive and transmit gains; d.c. characteristic; and 
ring-trip detection. High transhybrid rejection is achieved by an 
adaptive 24 filter set which continually assures that the echo 
return loss is optimal. 

TCA4905 is fabricated in a 2u BIMOS process, combining high 
density CMOS with high performance Bipolar circuitry. 


FEATURES OF THE MOTOROLA 
ADVANCED LINE CARD 


2-chip subscriber line interface providing most of the 
BORSCHT functions of Battery feed, Ring feed, 
Supervision, Cofidec, Hybrid 2 to 4 and 4 to 2 wire 
conversion. 

Adaptive, Programmable Hybrid balance digital filters 
Programmable 2-wire impedance matching digital filter 
Programmable Transmit and Receive gains 
Programmable d.c. line feed characteristics (feed voltage, 
feed resistance, constant current, battery reversal) 
Switched mode power supply 

120V line drive circuit 

Self calibrating for balance about earth 

Balanced ringing through SLIC 

Ring trip detection (balanced/unbalanced) 

Loop status detection 

Tax tone injection (Subscriber Private Meter) 
Oversampled sigma-delta A/D, D/A conversion 

A- or y-law data conversion 

Universal PCM interface 

Performance exceeds CCITT G.713 and 0.517 
Power Saving Power Down/Service denial modes 


This document contains information on a new product. 
Specifications and information herein are subject to change without notice. 
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— TCA 4905 


MALC DESCRIPTION 


The Motorola Advanced Line Card I.C.s interface the 
subscriber line to the PCM digital bus. They offer the 
designer of an analogue subscriber line card an economical 
response to the problem of matching the large range of 
impedances to be found in the local network. 

The 2-to 4-wire converter balance impedance is pro- 
grammable and adaptive to line conditions. Gains and 
terminating impedances are programmable. These 
features are provided by DSP techniques with control by 
an MPU port on the TCA4905 LV chip. 

A/Dand D/A conversion is performed by 2nd order =- 
A converters operating at 4096k sample/s, having a 
dynamic range greater than 90 dB, in order to achieve 
the required performance margins. 

The 2-wire terminating impedance is synthesised by 
means of a digital filter. The 4-wire balance impedance 
uses a repertoire of 24 predetermined programmable 
filters. At any one time two of the filters are implemen- 
ted, one actively supplying the inter-path coupling, the 
other supplying coupling only for comparison. The 
implemented filters are updated every 32 ms, based on 
estimates of the received and echoed speech signals 
from the two implemented filters. 


DC Loop 


The three sections of the battery feed characteristics 
are software programmable through the interface bus: 
constant current, resistive voltage and constant voltage. 

Constant current feed is provided in 4 mA steps from 0 
to 64 mA. 

Resistive feed is 0, 400, 800 and 1600 ohms. 

Constant voltage feed is provided in 4V steps from 
-20V to -80V, 4 mAd.c. Feed with full longitudinal rejec- 
tion allows hook status detection and telephone battery 
charging. Battery feed reversal is possible, maintaining 
all performance features. 


Balance about Earth 
A longituduinal balance adjustment mode ts available 


which can be used to detect or compensate for any dif- 


-. ferential components, and achieve high common mode 


rejection. 


Taxation Pulses 


Taxation pulses can be input in the range 12k Hz to 
18k Hz. The pulse duration is programmable at 50, 100, 
150, and 200 ms. The d.c. voltage is adjusted automatically 
to avoid saturation, and an AGC system adjusts the out- 
put to the required level. 


Ring Trip 
Ring trip detection is performed by the digital filters, 
giving 100 ms ring trip time. 


Standby Modes 


The loop can be placed in a service denial condition 
where there is no output, or longitudinal rejection. It can 
also be placed in a zero d.c. loop current condition with 
longitudinal rejection maintained, allowing hook status 
detection in a reduced power mode. 


PCM and MPU Interface 


Two modes for exchange of control and PCM data are 
possible, pin selectable by the SLD pin. In the first mode 
the control data is exchanged through a 4-wire MPU 
port and PCM data passes through separate transmit 
and receive parts. In the second mode, PCM and control 
data are multiplexed on the same 3-wire bus. MPU con- 
trol information includes loop status, reset, digital filter 
coefficients and other control and status bits arranged in 
words of 3 bytes. 

TCA4905 synchronizes to PCM bus clock frequencies 
of 512k Hz, 2 MHz, and 8 MHz. The internal syn- 
chronisation is adjusted to the appropriate time slot, or in 
SLD mode is adjusted to the frame sync. 


Motorola ALC System Configuration 
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ee 


fi 


U 
hel 


transmit port 
4 


TCA4905 


mpu i/f 


LV MALC 
—— 


tax tones 


PCM 
receive port 


SLD 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


2-678 


MOTOROLA 
=a SEMICONDUQQ, Eye 


TECHNICAL DATA 
NPN 


MJE270 


PNP 


MJE271 


2.0 AMPERE 


COMPLEMENTARY SILICON 


POWER TRANSISTORS COMPLEMENTARY 


POWER DARLINGTON 
TRANSISTORS 


100 VOLTS 
15 WATTS 


STYLE 1: 
PIN 1. EMITTER 
2. COLLECTOR 
3. BASE 


=e 


... designed specifically for use with the MC3419 Solid-State Sub- 
scriber Loop Interface Circuit (SLIC). 


@ High Safe Operating Area 


Is/B @ 40 V, 1.0s=0.375 A — TO-126 


@ Collector-Emitter Sustaining Voltage 
VCEO(sus) = 100 Vdc (Min) 


@ High DC Current Gain 
hee @ 120 mA, 10 V = 1500 (Min) 


MAXIMUM RATINGS 


Rating Symbol Value Unit 
Collector-Emitter Voltage VCEO 100 Vdc 
Collector-Base Voltage Veep | 100 Vdc 
Emitter-Base Voltage VEB 5.0 Vde ae 
Collector Current — Continuous Ic 2.0 Adc 
S 0.25 (0.010 A B 
— Peak 4.0 + @ [a @| © | 
D2pL 
Base Current ip 0.1 Adc m4] 025 00101 © [a @ [8 ® | 
Total Power Dissipation @ Tc = 25°C PD 15 Watts NOTES: 
Peete epovew ees ee 1. DIMENSIONING AND TOLERANCING PER ANSI 
Total Power Dissipation @ Ta = 25°C PD 1.5 Watts ie oa sien Sian INGH 
Derate above 25°C 0.012 W/°C oes ee 
Operating and Storage Junction Ty, Tstg -65 to +150 aC MILLIMETERS I INCHES 
Temperature Range | | DIM_| MIN [MAX | MAX 
A 10.80 ; 3 0.435 
7.50 _| 
THERMAL CHARACTERISTICS 2.42 


051 | 


2.93 | 


Thermal Resistance, Junction to Case RgJc 
Thermal Resistance, Junction to Ambient RaJA 


CASE 77-06 
TO-225AA TYPE 
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MJE270, MJE271 


ELECTRICAL CHARACTERISTICS (Tc = 25°C unless otherwise noted) 


Characteristic 


OFF CHARACTERISTICS 


Collector-Emitter Sustaining Voltage (1) 


(Ic = 10 mAdc, Ip =.0) 


Collector Cutoff Current 
(VcgE = 100 Vdc, Ip = 0) 


Collector Cutoff Current 
(Vcp = 100 Vdc, Ig = O) 


Emitter Cutoff Current 
(VBE = 5.0 Vac, Ic = 0) 


SECOND BREAKDOWN 


Second Breakdown Collector Current with Base Forward Biased 
(VcE = 40 Vdc, t= 1.0 s, non-repetitive) 


ON CHARACTERISTICS (1) 


DC Current Gain. 
(I¢ = 20 mAdc, Veg = 3.0 Vdc) 
(Ic = 120 mAdc, Vcg = 10 Vdc) 


Collector-Emitter Saturation Voltage 
(I¢ = 20 mAdc, Ip = 0.2 mAdc) 
(Ic = 120 mAdc, IB = 1.2 mAdc) 


Base-Emitter On Voltage 
(I¢ = 120 mAdc, Vcg = 10 Vdc) 


hFE = 
VCE(sat) Vde 
VBE(on) Vdc 


DYNAMIC CHARACTERISTICS 


Current Gain — Bandwidth Product (2) 


(ic = 0.05 Adc, Veg = 5.0 Vdc, ftest = 1.0 MHz) 


NOTES: 
(1) Pulse Test: Pulse Width < 300 us, Duty Cycle < 2.0%. 
(2) fr =| hel © fest 


FIGURE 1 — D 
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FIGURE 2 — SAFE OPERATING AREA 
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MOTOROLA 


a SEMICONDUCTOR 
TECHNICAL DATA 


MPS6716 
MPS6717 


MAXIMUM RATINGS 


CASE 29-03, STYLE 1 
TO-92 (TO-226AE) 


Total Device Dissipation @ Ta = 25°C 
Derate above 25°C 


1.0 
8.0 
Total Device Dissipation @ Tc = 25°C 
Derate above 25°C 
Operating and Storage Junction Ty, Tstg —55 to +150 °C 
Temperature Range 


THERMAL CHARACTERISTICS 


Pp 3 Collector 


; 2 
Base 


1 Emitter 


3 
Ba 
OY 


ONE WATT 
AMPLIFIER TRANSISTORS 


NPN SILICON 


Thermal Resistance, Junction to Case R@Jc | 50s | oc 
Thermal Resistance, Junction to Ambient R@JA 


Refer to MPSWO05 for graphs. 


ELECTRICAL CHARACTERISTICS (Ta = 25°C unless otherwise noted.) 


Characteristic | Symbot_ | Min | Max | Unit | 
OFF CHARACTERISTICS . 


Coilector-Emitter Breakdown Voltage(1) V(BR)CEO 
(Ic = 1.0 mAdc, B = 0) MPS6716 
MPS6717 


Collector-Base Breakdown Voltage V(BR)CBO 
(I¢ = 100 pAdc, ig = 0) MPS6716 
MPS6717 


60 
80 
Emitter-Base Breakdown Voltage V(BR)EBO Vdc 
(le = 10 pAdc, Ic = 0) 


Collector Cutoff Current 
(VcB = 40 Vdc, IE = 0) MPS6716 
(VcB = 60 Vdc, Ig = 0) . MPS6717 


Emitter Cutoff Current 
(VER = 5.0 Vdc, Ic = 0) 


ON CHARACTERISTICS(1) 


DC Current Gain 
(l¢ = 50 mAdc, VcgE = 1.0 Vdc) 
(I¢ = 250 mAdc, Vcg = 1.0 Vdc) 


Collector-Emitter Saturation Voltage VCE(sat) Vdc 
(I¢ = 250 mAdc, Ig = 10 mAdc) 
Base-Emitter On Voltage VBE(on) 1.2 Vdc 
(I¢ = 250 mAdc, VcgE = 1.0 Vdc) 


SMALL-SIGNAL CHARACTERISTICS 


Collector-Base Capacitance 
(VcB = 10 Vde, Ie = 0, f = 1.0 MHz) 


Small-Signal Current Gain 
(I¢ = 200 mAdc, VcE = 5.0 Vde, f = 20 MHz) 


(1) Pulse Test: Pulse Width < 300 us, Duty Cycle < 2.0%. 
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MOTOROLA 
ga SEMICONDUCTOR xx 
TECHNICAL DATA | = 


4N35 
6-Pin DIP Optoisolators 4N36 
Transistor Output | : 4N37 


These devices consist of a gallium arsenide infrared emitting diode optically coupled 


to a monolithic silicon pho sist : 
c silicon phototransistor detector 6-PIN DIP 


Convenient Plastic Dual-In-Line Package OPTOISOLATORS 
High Current Transfer Ratio — 100% Minimum at Spec Conditions TRANSISTOR 
Guaranteed Switching Speeds OUTPUT 
High Input-Output Isolation Guaranteed — 7500 Volts Peak 

UL Recognized. File Number £54915 {\\ 

VDE approved per standard 0883/6.80 (Certificate number 41853), with additional 
approval to DIN IEC380/VDE0806, IEC435/VDE0805, IEC65/VDE0860, VDE0110b, 
covering all other standards with equal or less stringent requirements, including 
IEC204/VDE0113, VDE0160, VDE0832, VDE0833, etc. 

Meets or Exceeds All JEDEC Registered Specifications “—~ 883 

Special lead form available (add suffix ‘’T’’ to part number) which satisfies VDE0883/ 
6.80 requirement for 8 mm minimum creepage distance between input and output 
solder pads. | 

Various lead form options available. Consult ‘““Optoisolator Lead Form Options” data 
sheet for details. CASE 730A-02 

PLASTIC 


MAXIMUM RATINGS (Ta = 25°C unless otherwise noted) 


SCHEMATIC 
INPUT LED 


Reverse Voltage 


Forward Current — Continuous 


LED Power Dissipation @ Ta = 25°C - 
with Negligible Power in Output Detector 
Derate above 25°C 


OUTPUT TRANSISTOR 


Collector-Emitter Voltage 


=: | 

a ‘a 

5 
| 4 

3 o— 


Emitter-Base Voltage 
Collector-Base Voltage _ 


Collector Current — Continuous 


‘ Detector Power Dissipation @ Ta = 25°C 
with Negligible Power in Input LED 
Derate above 25°C 


TOTAL DEVICE 1. LED ANODE 


2. LED CATHODE 
3. N.C. 

4. EMITTER 

§. COLLECTOR 
6. BASE 


Isolation Source Voltage (1) Viso 7500 Vac 
(Peak ac Voltage, 60 Hz, 1 sec Duration) 

Total Device Power Dissipation @ Ta = 25°C 250 mw 
Derate above 25°C 2.94 mWw/°C 


Ambient Operating Temperature Range —55 to +100 


Storage Temperature Range 


Soldering Temperature (10 seconds, 1/16” from case) 


(1) Isolation surge voltage is an internal device dielectric breakdown rating. 
For this test, Pins 1 and 2 are common, and Pins 4, 5 and 6 are common. 
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4N35, 4N36, 4N37 


ELECTRICAL CHARACTERISTICS (Ta = 25°C unless otherwise noted) 


ee 


INPUT LED 


Forward Voltage (IF = 10 mA) 


Reverse Leakage Current (V_ = 6 V) 


Capacitance (V = 0 V, f = 1 MHz) 


OUTPUT TRANSISTOR 


Collector-Emitter Dark Current (Vcgé = 10 V, Ta = 25°C) ICEO 
(VcE = 30 V, Ta = 100°C) 

Collector-Base Dark Current (Vcg = 10 V) Ta = 25°C ICBO 
Ta = 100°C 


ec 
C 


E 
Collector-Base Capacitance (f = 1 MHz, Vcp = 0) Ccp 
B 


Emitter-Base Capacitance (f = 1 MHz, Veg = 0) 


COUPLED 


Output Collector Current 30 mA 
(IF = 10 mA, VcE = 10 V) 5 . 


Ic 
Collector-Emitter Saturation Voltage (Ic = 0.5 mA, IF = 10 mA) 
(Ic = 2 mA, Vcc = 10V, 
Rise Time RL = 100 ©, Figure 11) 
Isolation Voltage (f = 60 Hz, t = 1 sec) 


Isolation Current (Vj.9 = 3550 Vpk) 4N35 
(VI-Q = 2500 Vpk) 4N36 
(Vi.¢ = 1500 Vpk) 4N37 


a] 10 == = sacs ===... 
( eese trate : Shame a 
2 18 PULSE OR DC ad < [TT Ip=10mA Ge Os a 
: occ er 
a pb ELE ee a 
aw PETE EE LTTE Fy Hiei Ss a SE oe AC A a S.C BS 
ro) oO Ty Cs Oe 8 a Re 
CLL) ETE 
= TCT TI, we 
ea et | erly =e SS SH ye 
S at Lie oT ELT 8 ae ee as el a ee os eee as eee 
E47 aceite at zat = Ef tg EE Ey 
SC ee eo 
, cord bse TE) LT 9, CC 
10 100 10 5 5 1 2 
| I, LED FORWARD CURRENT (mA) I, LED INPUT CURRENT (mA] 
Figure 1. LED Forward Voltage versus Forward Current | Figure 2. Output Current versus Input Current 
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4N35, 4N36, 4N37 
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Figure 3. Collector Current versus 


Figure 4. Output Current versus Ambient Temperature 
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Ip, LED INPUT CURRENT (mA) 
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Figure 6. Rise and Fall Times 


Figure 5. Dark Current versus Ambient Temperature 
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Figure 8. Turn-Off Switching Times 
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4N35, 4N36, 4N37 


C, CAPACITANCE (pF) 


Ic, TYPICAL COLLECTOR CURRENT (mA) 


ne Ase ee 


0 2 4 6 8 1012 14 16 18 20 
Vce, COLLECTOR-EMITTER VOLTAGE (VOLTS) V, VOLTAGE (VOLTS) 


Figure 9. DC Current Gain (Detector Only) Figure 10. Capacitances versus Voltage 


TEST CIRCUIT WAVEFORMS 
NPUT PULSE 
Vcc = 10V we 


RL = 1000 


yy 
INPUT t 6 OUTPUT OUTPUT PULSE 
Tit 


INPUT CURRENT ADJUSTED 
TO ACHIEVE Ic = 2 mA. 


Figure 11. Switching Times 


OUTLINE DIMENSIONS 


NOTES: 
STYLE 1: 
OPTIONAL Shi ARGO 1, DIMENSIONING AND TOLERANCING PER ANSI 
J4 fh fh LEAD 2 CATHODE Y14.5M, 1982. 
j CONFIGURATION aie 2. CONTROLLING DIMENSION: INCH. 
3. DIM L TO CENTER OF LEAD WHEN FORMED 
ee PARALLEL. 
, COLLECTOR 
6. BA! 
Soap a ; BAS 
K wa L me 


SEATING N 
PLANE 
| G } wll J ort 
; me) NC ON ONO! 
D 6A 
CASE 7304-02 
PLASTIC 
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Application Note 


MC14402 MONO-CIRCUIT 
APPLICATIONS INFORMATION 


by 


Richard L. Hall and Michael D. Floyd 
Telecom Systems Engineering 


This application note is intended to ease customer evalua- 
tion of the Motorola MC14402 PCM mono-circuit, par- 
ticularly when using the Motorola Mono-circuit Evaluation 
Board. Schematics and artwork of this board are given as 
well as layout guidelines for designing the mono-circuit into a 
custom PC board. Analog testing considerations are men- 
tioned to help sidestep some of the troublesome aspects of 
codec/filter evaluations. 


EVALUATION BOARD DESCRIPTION 


The Motorola Mono-circuit Evaluation Board is a small 
PC board that contains all necessary clock circuitry for 
operating the MC14402. Coaxial connectors allow access to 
the analog input/output ports and the only other connec- 
tions required are to the three power terminals—Vpp, Vss 
and VAG. The schematic for this board is shown in Figure 1 
while the artwork is given in Figure 2. 

The clock circuitry uses a 2.048 Mhz crystal to produce the 
2.048 Mhz data clock as well as the 8 kHz sync signal. The 
8 kHz sync is an 8-data-clock-wide pulse that is connected to 
the RCE, TDE and MSI inputs of the mono-circuit. RCE 
and TDE are the receive and transmit enables respectively, 
while MSI is the 8 kHz reference input. The 8 kHz sync is 
generated by the MC14417 TSAC (Time Slot Assigner Cir- 
cuit). 

Options are available to help evaluate different channel 
parameters. These include: 


* 600 or 900 ohm channel impedance 

* RSI peak overload voltage of 3.15 or 3.78 volts 

* TTL or CMOS logic levels 

* Transmit and Receive gain adjustment (RxO gain only) 
* A or MU-law coding 

* Power-down capability 


These options are selected by solderable wire straps (S1-S6) 
as described in the Strapping Information Chart. The straps 
can be replaced by DIP switches if desired and can be ob- 
tained from: 


Grayhill Inc. 
561 Hillgrove Avenue 
La Grange, Illinois 60525 


P/N Name Qty 
78505 Sl anal 
78302 S2,S3 2 
78J01 S4-S6 3 


Figure 3 shows the physical location of the strap points as 
well as the component layout. The solid lines indicate the 
normal strap positions as shipped from the factory which 
select Mu-law, 900 ohm, CMOS, 3.78 volts peak operation. 
The straps E1-E10 allow reprogramming of the clock lines to 
provide different clock schemes. Refer to the schematic in 
Figure 1 for changing these straps. 


TEST CONSIDERATIONS 
Input/Output Levels 


Obtaining valid test data is highly dependent upon estab- 
lishing the proper input/output voltage levels. However, this 
can be a somewhat confusing task since the mono-circuit can 
use three different peak overload voltages—2.5, 3.1 and 3.8 
volts. The evaluation board permits selection of either 3.1 or 
3.8 volts. For 3.1 volts, the proper input/output level for a 0 
dBm0 test signal is +6 dBm/600 ohms (1.5455 volts rms). 
For 3.8 volts, 0 dBm0 corresponds to +6 dBm/900 ohms 
(1.893 volts rms). Usually, measurement levels are referenced 
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CMOS Digital 
Vss »>———-O SB Ground 
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DD Ss 3.78V 
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FIGURE 1 — MC14402 Switch Programmable Evaluation Board P/N 618-1030 
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to 0 dBm0 to avoid possible confusion over absolute levels. 
For example, an absolute idle noise measurement of 21 
dBrnC becomes 15 dBrnCO when referenced to 0 dBm0 
(where 0 dBm0= +6 dBm in our system). 


Noise 


Special care has been taken in the layout of the evaluation 
board to minimize noise corruption. The analog and digital 
sections are isolated from each other and bypassing is present 
to reduce high frequency noise. The use of shielded cable for 
analog test lines is recommended to prevent extraneous en- 
vironmental noise pickup as well as the use of a power supply 
reasonably free of high frequency noise. A 500 pF capacitor 
has been put on the RxO output to bypass any radiated asyn- 
chronous noise that might be picked up at this node. 


Test Equipment 


There are many different pieces of telecommunications 
test gear on the market and most will be more than adequate 
for testing codec/filter parameters. However, the use of 
wideband measurement devices for such tests as quantizing 


MONOCKT ASYNC / 32 CHAN SYNC 
CLOCK CKT 
618-1029 


NOTE: Drawings are not actual size. 


distortion and gain tracking should be avoided since these 
parameters involve very low voltage levels that require a 
selective voltmeter function for accurate results. Also, atten- 
tion should be given to correct selection of input/output 
parameters on programmable test gear such as the Hewlett- 
Packard 3779 PMA and others. 


LAYOUT GUIDELINES FOR PC BOARDS 


* Bypassing of both Vpp and Vss to VAG with 0.1 
microfarad ceramic capacitors (or any other capacitors 
with good high frequency behavior) as close to the part 
as possible. 


* Isolate analog lines from digital sections. The mono- 
circuit pinout facilitates this by keeping digital and 
analog pins on opposite sides of the chip. 

* Use gain-setting resistors in the range of 50 kQ>R>5 
kQ to avoid high impedance nodes in the analog section. 


* If VL¢ is tied to VAG for TTL level selection, then this 
connection should be a short, direct, low inductance 
trace. 


* In a dual supply environment, Vpp and Vssg should be 
connected before VAG (ground). 


MC14402 
SWITCH PROGRAMABLE 
EVALUATION BOARD 


618-1030 


FIGURE 2 — Evaluation Board Artwork 
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ul 
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i 
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NOTE: Solid line indicates normal strapping as shipped from factory; dashed lines indicate optional straps as described below in the 


Strapping Information Chart. 


0 


*Rout is located between Rx analog out and RxO output underneath the board. 


NOTE: Drawings are not actual size. 


FIGURE 3 — Component Layout 


Strapping Information Chart S5 
S1 These straps select via U1 (MC14417 TSAC) one. 
of 32 possible time slots in the 8 kHz frame. 
When used in conjunction with another board, 
-performance in different time slots can be S6 
evaluated. (that is TDE # RCE). 
S2A Selects 600 or 900 ohm input impedance. R2,R3 
S2B Selects A or Mu-law coding. 
S3A Selects either TTL(TT) or CMOS(CM) logic R4,R5 
levels. The TTL levels swing from Vpp and 
VAG; CMOS levels swing from Vpp to Vss. R9 
S3B Powers device up or down. DN = Powered down 
and UP = Powered up. 
S4 Normally loops RDD to TDD. When R-ICN is 
strapped, Mu-law receive idle channel noise can Rout 


be measured (RDD=1 111 1111). 


Tamper 
0 


k 

k 
[900 2 | 
| 20k | 10k | 909 | 
5 k | 600 2 | 


10 k. 


Controls digital ground of clock logic. When 
CMOS is strapped, digital ground = Vss; when 
TTL is strapped, digital ground= Vag. Note 
that this strap must agree with the selection on 
S3A. 

Selects either 3.78 or 3.15 volts peak overload 
voltage. 

Adjusts RxO output level where gain= — R3/R2 
(optional). 

Adjusts Tx Analog In level where gain= 
— R4/RS. 

A 1 kilohm pullup resistor is needed when VAG 
output is used by itself to provide ground return 
for RxO or RxO. If VAG is tied to system power 
ground, this resistor can be deleted. 
Determines output impedance. 
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APPENDIX 


A DB By Any Other Name... 


The following is a brief discussion of decibels and how 
they are used in the telephone industry in an attempt to lessen 
the notorious confusion this term can create. 

Engineers are very familiar with the equation definition of 
a decibel which is: 


Decibels = dB = 20 log ¥2 (1) 


or its corollary: 


dB = 10 log E2.. (2) 


The use of the logarithmic function eases the use of the large 
range of voltage numbers encountered in the telephone in- 
dustry. A decibel is only a relative term; it defines the dif- 
ference between two absolute voltage levels. 

Which now brings us to the absolute decibel—the dBm 
(decibel milliwatt). A dBm is equivalent to a milliwatt of 
power delivered into a reference impedance—usually 600 
ohms. An equation commonly used to calculate dBm levels 
can be derived from equation (2): 


dBm = 10 log (P2/Pref) 

10 log (P2/0.001 W) 
10 log 1000 (P2) ‘ 
10 log 1000 (Vrms¢) 


600 ohm 


where reference impedance = 600 ohms. 


For example, to calculate the peak-to-peak voltage of a 
0 dBm sinusoidal signal: 


1000 (Vrms2) 
0= 10 log —— 600. 
100 = (5/3)Vrms2 
Vrms2 = 0.6 
Vrms = 0.7746 


Vp-p = 2(2)!/2vVrms 
= 2.191 volts peak-to-peak. 


In order to understand the proper level at a certain point in 
a system, the term dBm0 is used for reference. A dBm0 
defines the nominal signal level at a test point node. Absolute 
levels can then be referred to in dBm0 for comparison to the 
nominal level. For example, suppose that at a certain point in 
a system 0 dBm0 = +6 dBm/600 ohms. Then a —20 dBm 
signal would be equal to —20—(+6)= —26 dBm0. There- 
fore, a —20 dBm signal would be 26 dB down from the 
nominal level. 

Noise measurements require a different decibel unit as they 
usually involve some bandwidth or filtering constraint. One 
such unit commonly used (especially in North America) is 
dBrn or decibels above reference noise. The reference noise 
level is defined as one picowatt into 600 ohms or — 90 dBm. 
Telephone measurements typically refer to dBrnC which is 
the noise level measured through a C-message weighting filter 
(a filter that simulates the response of the human ear). Euro- 
pean systems use a related term called dBmp which is the 
dBm level noise measured through a psophometric filter. 
Both dBrnC and dBmp can be referenced to 0 dBm0 by add- 
ing a zero—dBrnCO0 and dBm0p. Two examples are shown 
below to illustrate the use of these units: 


1) 0dBm0 = +6 dBm/600 ohms 
Noise measurement = 20 dBrnC 
= 14 dBrnCo 


2) 0 dBm0 = +9 dBm/600 ohms 
Noise measurement = —70 dBmp 
= —79 dBm0Op. 


Understanding these units should help avoid any possible 
correlation problems between measurements and published 
specifications. 
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Application Note 


UNDERSTANDING 
TELEPHONE 
KEY SYSTEMS 


Prepared By: 
Steve Bramblett 
Telecom Applications 
Austin, Texas 


INTRODUCTION | 


This application note is intended to give an understanding 
of key systems and how they differ. A theoretical architec- 
ture based loosely on many of the 16 station key systems now 
in existence will be presented. Possible variations and the im- 
pact on overall design will also be discussed. 


WHAT IS A KEY SYSTEM? 


A key system is a telephone system that can be used behind 
a PBX or central office. Generally, key systems are designed 
to support as many as 100 telephones, and provide service to 
these phones with up to 50 percent trunking (a trunk may be 
either a PBX or central office line connecting the key system 
to the rest of the world). The telephone set has several push 
buttons that are not generally found on a K500-type desk set. 
These push buttons allow direct access to several trunks, 
intercom lines and system features such as hold and do-not- 
disturb. The major difference between a key system and a 
PBX is that a key system allows the user full control over in- 
dividual trunks, while a PBX assigns whatever trunk is 
available when requested (usually this is done by dialing a 
“*9?), 


HOW DOES ‘“‘SQUARENESS”’ AFFECT THE SIZE? 


There are two basic architectural types of key systems, one 
known as a ‘‘square’’ system, and the other a ‘‘non-square’’ 
system. In a square system, every subset has control over 
every trunk so there can be no special reserved lines. Some 
designs go one step further by forcing a button appearance 
for each station. The most obvious size limiting factor in a 
square system is the number of buttons on the phone. In a 
non-square system, each phone is provided with a subset of 
the available trunks. While this makes the non-square system 
design appear more attractive, one must understand the com- 
plexity involved. In a square system, only one set of tip and 
ring wire pair must be routed to the phone, and since each 
phone looks identical, bookkeeping by the CPU is held toa 
minimum. In a non-square system there must either be a 
separate voice pair for each trunk and intercom link, as in 


1A2 system, or there must be a way to program the 
telephone’s ‘‘profile’’ into the CPU so it can control the sta- 
tion accesses. This presents real problems as there must be 
some input and display device associated with the CPU plus 
some form of non-volatile data storage. This storage can be 
anything as simple as several dip switches, or as complicated 
as an intelligent controller that hooks into the system with a 
CRT terminal and programs several EEPROMS. 


WHAT IS A 1A2 SYSTEM? | 


The 1A2 key system is an older system that relied on 
electro-mechanical devices to accomplish the tasks now 
replaced by modern integrated circuit technology. These 
systems generally included several pairs of tip and ring 
signals which led to each station, where complicated 
mechanical switches selected the desired pair. The connec- 
tions to the outside world were metallic, and therefore were 
of the non-protected variety. The biggest expense was cabling 
and installation labor, because the system required a 25-pair 
cable for each phone. : 


WHAT IS MEANT BY ‘‘PROTECTION’’? 


A protected key system is designed in such a way to pre- 
vent stressful voltages reaching the trunk under any circum- 
stances. Generally, this is accomplished by transformer 
coupling the trunk to the system at the interface and adding 
overvoltage protection. This will prevent any accidents from 
causing problems with the trunk, such as 110 Vac getting to 
the trunk from an improperly installed telephone. When a 
key system is not protected, it must be installed by a 
registered agent of the manufacturing company. Both 
distributor and manufacturer are burdened by expensive 
agency agreements if a system is not protected. 


KEY SYSTEM ARCHITECTURE 


A 16-station square system with protection is outlined in 
Figure 1. The trunk interfaces provide the necessary protec- 
tion to pass the FCC requirements, plus the circuitry to con- 
dition the voice and signaling information to make them 
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FIGURE 1 — Key System Unit 


easier for the system to handle. The voice information is 
passed to a voice matrix, where the information can. be 
routed to the proper destinations, and the signaling goes to 
the CPU to indicate what is happening at the interface. The 
station apparatus interfaces provide the voice and data inter- 
faces to the phones. The progress tones are for internal 
supervisory signaling within the switch. The CPU is charged 
with the supervisory and monitoring tasks for all other parts 
of the system. 

A much more detailed look at the voice matrix is provided 
in Figure 2. The voice matrix is an analog crosspoint variety 
which may be composed of relays or CMOS switches. Relays 
are a good voice switch medium for systems with eight or less 
stations, but the newer crosspoint ICs, such as the MC142100 
and MC142101, are much more cost effective. There is some 
loss associated with the switches (about 100 ohms) that does 
not occur in the relays. In our example we will consider a 
4 xX 4 x 2 crosspoint and the dotted lines outlining the three 
chips needed for the matrix. The music-on-hold (MOH) 
music and the tones are separated to help alleviate crosstalk 
within the switch structure. The design includes the ability to 
handle 3 trunks and 1 internal conversion. This appears to be 
a standard that was implemented through the years. Most 
systems allow expansion to either 2 more trunks or a trunk 
and an intercom link by adding to the matrix. Bridging more 
than one trunk or station can be easily accomplished by set- 
ting multiple contact points. 

The loss the switch introduces into the system is the major 
drawback to using the CMOS crosspoint switch. The FCC re- 
quires that the electrical-to-acoustical loss of the system from 
the trunk to the station must not exceed 2.5 dB. A look at 
Figure 3A shows that a typical trunk-to-station loop has loss 
in two areas. The two crosspoint switches represent a typical 
200 ohm resistance when they are in an on state which creates 
about 2.5 dB of loss in a 600 ohm system. Each transformer 
also introduces some loss so the electrical-to-electrical loss 
exceeds 2.5 dB. Changing the internal resistance of the loop 


minimizes the switch resistance but the transformer efficien- 
cy is greatly decreased so no advantage is found here. The 
loop could be amplified, but this is costly and leads to 
unstable circuitry so the phone must be designed to operate 
on different levels from a standard phone. The FCC allows 
another 2.5 dB of loss for a station-to-station talk path as 
shown in Figure 3B so the extra switches in the loop are not 
a problem. . 

Figure 4A is a block diagram of the trunk circuit. When 
‘the trunk is idle, the tip and ring are bridged by the loop relay 
across the ring detect circuit. This circuit signals the CPU 
when a call is ringing in from the central office or PBX. 
When the trunk is accessed by the system the loop relay con- 
nects tip and ring to.the transformer. The protect circuit 
helps prevent surge and static damage. The battery reversal 
detector is an optional circuit that alerts the CPU when the 
tip and ring polarity has been reversed. This usually happens 
momentarily when a central office toll circuit has been ac- 
cessed, so this is for toll restriction. The loop detect circuit is 
needed to indicate when the connection has been terminated 
by the outside caller. This prevents the hold function from 
locking up a trunk. If pulse dialing is to be provided a relay 
circuit similar to the one in Figure 4B must be added to the 
loop. The CPU must read the pulses from the station and 
transfer them to the trunk. Another possible optional circuit 
is a ground loop detector. This is needed to detect grounds 
on a groundstart trunk. These trunks use a ground to start 
where loopstart trunks (the most common kind) use loop 
continuity to start. 

The station interface in Figure 5 is a four-wire design. The 
first pair (tip and ring) are used to provide voice communica- 
tions while the second pair (D+ and D—) provide data com- 
munications. The two resistors in the voice circuit provide a 
current limiting function to prevent catastrophic system 
failures should tip and ring get shorted together. The protect 
circuit functions in a manner similar to the trunk protect cir- 
cuit and the loop detect is used to detect the making and 
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FIGURE 2 — Voice Matrix 


breaking of the loop to pass pulse dialing signaling to the 
trunk. The resistors in the data interface do the same job in 
the voice circuit as does the protect circuit. The differential 
mode transmitter and receiver provide a serial data stream in- 


terface for the data communications. The data is generally in 


a half-duplex ping-pong arrangement, where the outgoing 
data tells the station which lamps should be on, whether the 
ringer is to ring, and whether the call announcer should be 
energized. The incoming data gives the status of the phone’s 
hookswitch and the buttons on the keypad. 

Another name for the station apparatus is the keyphone or 
the subset. Figure 6 is a block diagram of the subset. Tip and 
ring come into the subset through the hookswitch. When the 
handset is on-hook, the tip and ring are directed to the 
handsfree/call announcer circuit. This circuit is similar to a 
speakerphone circuit. When the handset is removed from its 
cradle, the tip and ring is routed to the speech network for 
normal telephone operation. Each voice network is powered 
by the battery voltage on tip and ring. The data circuit is 
powered by its own battery feed to help prevent crosstalk be- 
tween voice and data. The data is brought into the control 
logic to activate the lamps, ringer, and in some cases, the 
handsfree/call announcer. 

There are several variations on the voice and data links to 
the subset. Some systems impress the data, which generally 
has a rate well above the voice channel, onto the tip and ring 
for a single pair run. Extra filtering is needed to separate 
voice and data. Another variation connects tip and ring to 
the speech network causing the handsfree/call announcer to 
receive voice over the same wire pair as the data, This allows 
‘‘off-hook call announcing”’ where the user can be paged via 


the call announcer while off-hook talking. Generally the out- | 


put level of the call announcer is greatly attenuated when the 
handset is not in the cradle. 

Another interesting variation to the sechitecnire deals with 
how the dialing is controlled by the system. In this arrange- 
ment all DTMF tones or dial pulses originate at the subset 
and are passed through the system as though it is trans- 
parent. This is known as end-to-end signaling. An alternative 
is to place the pulse or tone dialer on the trunk interface and 
read the dial by the control logic so the dialing information is 
passed through the CPU to be interpreted at the trunk. The 
major drawback here is that there must be extra circuitry in 
the subset to produce aural feedback. In a normal phone the 
DTMF encoder mutes the speech network. Since the encoder 
is not here the mute is lost. The levels needed at the trunk 


may be uncomfortable, so they must not reach the user, 
therefore some feedback must be generated to indicate dial- 
ing has taken place. 


Adaptation of this system into a non-square system re- 
quires several major system modifications. Since a non- 
square system allows only a portion of the trunks and 
available features to be represented as buttons on the subset, 
some scheme of accessing other non-appearing trunks and 
features must be employed. This is usually done by dial ac- 
cess. In a dial access system, every subset must have a dial in- 
tercom button. When this button is accessed the system must 
provide a dial tone and a dialing register. The dialing register 
must be capable of counting dial pulses and decoding DTMF 
data. Since DTMF decoders alone are in the $20-$30 price 
range the number of registers are generally restricted. This 
can cause bottlenecking problems when there is a need for 
more dial accesses than the number of registers available. 
There is generally a tone associated with this overload (the | 
overload is called blocking) that indicates to the user that all 
circuits are busy. If all intercom links are busy when access is 
needed, then blocking also occurs. Now that the buttons 
must have some flexible assignments a data base of the subset 
‘‘profiles”? must be retained by the CPU. In addition to this 
data base duty, new software overheads are necessary for the 
CPU to allow dial and button accesses, as well as the addi- 
tion of new, extended features such as dial intercom that are 
generally included in the non-square system. 


There are several alternatives in operation during a power 
failure. One solution is called powerfail cutthrough. In this 
scheme certain trunks are metalically connected to certain. 
phones. Our subset design does not support this arrangement 
since ringing would be impossible and the call announcer . 
would be bridged across tip and ring when the subset is 
on-hook. The system can be designed so that ringing occurs 
in a normal manner, but a ringing generator is necessary. The 
ringing generator is a specialized ac power source. An alter- 
native is battery back-up, and since most systems have a 
master power supply of 24-48 Vdc, this can be easily ac- 
complished. The major advantage to this that no calls are 
lost on the power loss as in cut-through, and unless a 
sophisticated cut-through system is employed, calls are lost 
on the return to power which again is not a problem in a bat- 
tery backed-up system. The system must be a low-power © 
design or the battery back-up system may become pro- 
hibitively expensive. 
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GLOSSARY OF KEY SYSTEM FEATURES 


All Call — This is where all of the call announcers are 
energized in the system for a general announcement. This is 
similar to a page except the call announcers are used instead 
of auxiliary amps and speakers. 


Background Music — This is a feature that requires an exter- 
nal music source. The music is routed to all of the call an- 
nouncers so that, if desired, the call announcer can provide 
music when the subset is idle. 


Busy Lamp Field — This is an array of lamps or LEDs that 
indicate when each station in the system is busy or idle. This 
is usually abbreviated as BLF. 


Call Announce — This function is performed instead of ring- 
ing. When an individual phone is call announced, the call an- 
nounce circuitry is energized. A warning tone is then sent to 
both parties and then the parties are connected as in a con- 
versation. The called party can talk over the call announcer 
as if it were a speakerphone. 


Call Forward-Busy — An incoming call is routed to a sec- 
ondary subset when first subset is busy. 


Call Forward-Follow Me — An incoming call to one subset is 
routed directly to another subset. 


Call Forward-No Answer — If a call is not answered in a 
specified period of time, the call is rerouted to a second 
subset. 


Call Park — This feature is only used in non-square systems. 
When a call comes in it can be ‘‘parked,’’ then any subset 
can pick the call up by accessing the parked call. This allows 
the subsets to pick up calls on non-appearing trunks. 


Call Progress Monitor — This is a device that allows the 
monitoring of the calling function prior to completing the 
connection. All dial tones, dialing tones and ring back tones 
are heard over an auxiliary speaker as it would sound over a 
handset. This is a simplex device so no conversation can be 
held. 


Camp On-Auto Call Back — When a called station is busy, 
the caller can camp on to that station so that when the subset 
becomes idle, it will ring. If the caller hangs up prior to the 
subset becoming idle, the caller’s subset will ring and after he 
answers, the other subset will ring. The second case is known 
as auto call back and is an extension of the first case being 
camp on. 


Conference — A conference is a call that has more than two 
parties involved in the call at one time. 


Dial Intercom — A dial intercom is an intercom that when 
accessed allows the user to access other subsets, trunks and 
features with dial codes. This is only found in systems where 
there is not an access button for each subset. 


Do Not Disturb — When this feature is activated at a subset, 
no incoming calls will ring the subset, however, the phone 
can still be used for outgoing calls. The subset will not 
acknowledge the call announcer either. 


Direct Station Select — This allows one subset to establish an 
intercom call with a second subset by using a dedicated but- 
ton as opposed to a dial code. This is a very popular feature 
in small square systems and is generally referred to as DSS. 


Exclusion-Privacy — When active, this feature prevents 
other subsets from barging in on your call. 


Executive Override-Barge In — Barge in is a feature that 
allows one to enter an already active conversation so that a 
conference is created. Executive override is the same feature 
applied to special phones to overcome an exclusive call (see 
Exclusion). 


Handsfree — In an apparatus sense, this is known as 
speakerphone operation. In essence, a conversation is held 
over the subset’s speaker and microphone while the handset 
is in the cradle. This frees the hands for other uses and 
several people can participate in the conversation at the 
handsfree end. 


Music-On-Hold — This is a feature that requires an outside 
music scurce that may or may not be the same source used in 
background music. When someone is parked or put on hold 
they are provided with music instead of silence. 


Page — This feature is similar to All Call except the general 
announcements are made over a user-supplied public address 
system instead of call announcers. This is especially useful in 
warehouse situations. 


Recall — The recall feature is designed to prevent excessively 
long holds and call parks. When a call has exceeded the recall 
timeout while on hold or parked, it will ring the subset that 
either put it there or an attendant station. 


Remote Answer — This feature exists only on non-square 
systems. When an incoming call rings a subset, it can be 
answered at another subset that does not have that particular 
line by invoking the remote answer feature. 


Repertory Dial — This feature can be associated with either 
the subset or the system. This is where several commonly 
called phone numbers are internally stored and can be 
automatically dialed when accessed. This is also known as 
speed or abbreviated dialing. 


Secretarial Intercom — This is a special case DSS where the 
called subset rings only while the access button is depressed. 
This allows private ring codes to be used between subsets to 
alert the users to special conditions. 
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Station Hunting — Station hunting is an advanced feature 
found usually on large, complex system. This feature allows 
groups of subsets to be ‘‘hunted’’. When a call is placed to 


this group, the first phone rings for a preset period of time, © 


and if there is no answer, the second phone in the group 
rings. This will progress through all the subsets and the call 
can be answered at any subset at any time. 


Tie Trunks — A tie trunk is used to link systems together. 


Generally the two systems are remotely located and can even 


be in different cities. The tie trunk does not rely on central 
office intervention. 


Toll Restriction — This feature prevents unauthorized 
subsets from making toll calls. 


Transfer — This feature is needed only in non-square 
systems and it allows a call to be moved to a subset that does 
not have a button appearance for that call. 
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TELEPHONE QUALITY CVSD CODECS 
USING NEW BIPOLAR LINEARII2L I.C. 


Stephen H. Kelley 


and 


John J. Price 


INTRODUCTION 


Principles of continuously variable slope delta modulation 
for communications systems are discussed including an 
S plane model for a simple delta modulator with adjustable 
gain. A new bipolar I2L circuit for implementing CVSD 
systems is presented. System performance and design tech- 
niques for a basic voice band codec and a telephone quality 
codec are included. Double integration and active compand- 
ing ratio control techniques for improving codec per- 
formance is discussed. The emphasis is on a practical, mass 
producible telephone codec. 

The continuously variable slope delta modulator (CVSD) 
is a simple alternative to more complex conversion schemes 
in systems requiring digital communication of analog signals. 
Voice and audio communications are analog, but digital 
transmission of any signal over great distance is more attrac- 
tive. S/N ratios of the recovered signal do not vary with 
distance when using digital transmission; and multiplexing, 
switching, and repeating hardware is more economical and 
easier to design. However, instrumentation A to D con- 
verters do not easily meet the bandwidth constraints of com- 
munications requirements. The CVSD A to D is well suited 
to the requirements of digital communications and is an 
economical, efficient means of digitizing analog inputs for 
digital transmission. 


THE DELTA MODULATOR 


The innermost control loop of a CVSD converter is a sim- 
ple delta modulator. That portion of the CVSD is shown in 
Figure 1. A delta modulator consists of a comparator in the 
forward path and an integrator in the feedback path of a sim- 
ple control loop. The inputs to the comparator are the input 
analog signal and the integrator output. The comparator out- 
put reflects the sign of the difference between the input 
voltage and the integrator output. That sign bit is the digital 
output and controls the direction of ramp in the integrator. 
The comparator is clocked so as to produce a synchronous 
and band limited digital bit stream. 

If the clocked serial bit stream is transmitted to a similar 
integrator at a remote point, the remote integrator output is a 
copy of the transmitting control loop integrator output. To 


the extent that the integrator at the transmitting location 
tracks the input signal, the remote receiver reconstructs the 
input signal. Low pass filtering at the receiver output will 
eliminate most of the quantizing noise if the clock rate of a 
the bit stream is an octave or more above the bandwidth of 
the input signal. Voice bandwidth is 4 kHz and clock rates of 
8 kHz and up are possible. Thus, the delta modulator 
digitizes and transmits the analog input to a remote receiver. 
The serial, unframed nature of the data is ideal for com- 
munications networks. With no input at the transmitter, a 
continuous one zero alternation is transmitted. If the two 
integrators are made leaky, then during any loss of contact 
the receiver output decays to zero and receive restart begins 


COMPARATOR 
RECONSTRUCTED DECODER 
ANALOG 
ENCODER 
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ANALOG OUTPUT 


ANALOG INPUT 


CLOCK 


DIGITAL OUTPUT. 


FIGURE 1 — SIMPLE DELTA MODULATION 
An Analog Input Signal Can Be Digitalized and Transmitted by 
Synthesizing a Minimum Error Set of Voltage Ramps. 
The Comparator Clock Establishes the Channel Bandwidth. 


without framing when the receiver reacquires. Similarly, a 
delta modulator is tolerant of sporatic bit errors. 
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The fundamental advantages of the delta modulator are its 
simplicity and the serial format of its output. Its limitations 
are its ability to accurately convert the input within a limited 
digital bit rate. The analog input must be frequency limited 
and amplitude limited. The frequency limitations are gov- 
erned by the Nyquist rate while the amplitude capabilities are 
set by the gain of the integrator. For a given signal level, one 
specific gain will achieve an optimum noise level. Unfor- 
tunately, the basic delta modulator has a small dynamic 
range over which the noise level is constant. 


THE COMPANDING ALGORITHM 


The continuously variable slope circuitry provides in- 
creased dynamic range by adjusting the gain of the 
integrator. For a given clock frequency and input bandwidth, 
the additional circuitry increases the delta modulator’s 


dynamic range. A block diagram of a complete CVSD codec 


is shown in Figure 2. A new bipolar/I2L integrated circuit 
has been built to provide all of the active elements. External 
to the basic delta modulator is an algorithm which monitors 
the past few outputs of the delta modulator in a simple shift 
register. The register is 3 or 4 bits long depending on the ap- 
plication. The CVSD algorithm simply monitors the contents 
of shift register and indicates if it contains all ones or zeros. 
This condition is called a coincidence. When it occurs, it in- 
dicates that the gain of the integrator is too small. The coin- 
cidence output drives a low pass filter. The voltage output of 
this syllabic filter controls the integrator gain through a V to 
I converter and a slope polarity switch whose other input is 
the sign bit or the up/down control of the delta modulator. 


ANALOG 


INPUT O-} 


DIGITAL 
INPUT O 


3 OR 4 BIT 
SHIFT REGISTER 
fiat 


[coc perme 
ce : 
POLARITY 


SWITCH 


ANALOG 


vil 
OUTPUT CONVERTER 


INTEGRATING 
AMPLIFIER 


FIGURE 2 — CVSD BLOCK DIAGRAM 
A Delta Modulator Is Enclosed in a Digitally Controlled Gain Loop 
and Composes a Continuously Variable Slope Delta Modulator. 
A Bipolar/ va Integrated/Circuit Has Been Designed to Provide 
All the Active Circuitry Required. 


The simplicity of tHe all ones, all zeros algorithm should 
not be taken lightly. Many other control algorithms using the 
shift register have /been tried. The key to the accepted 
algorithm is that it provides a measure of the average power 
or level of the input signal. Other schemes provide more in- 


stantaneous information about the shape of the input curve. 
The purpose of the algorithm is to control the gain of the 
integrator and to increase the dynamic range. Thus, a 
measure of the average input level is needed. By monitoring 
both the coincidence of ones and zeros, the shift register per- 
forms a function similar to a full wave bridge rectifier. 

The algorithm is repeated in the receiver and thus the level 
data is recoverable at the receiver. Because the algorithm 
only operates on the past serial data, it changes the nature of 
the bit stream without changing the channel bit rate. The bit 
stream in the channel is as if it were from a standard delta 
modulator with a constant level input. 


SYLLABIC AND INTEGRATION FILTER PROPERTIES 


The circuit in Figure 3 is the most basic CVSD circuit 
possible. For many intelligible voice channel applications, it 
is adequate. In this circuit, both the syllabic filter and the 
integration filter are composed of single-pole networks. 

The integration network is chosen to meet two simple con- 
straints. First, it must be an integrator throughout the voice 
band and second, it must be leaky so that bit errors can be 
tolerated and loss of receiver contact does not require an ex- 
ternal reset for reacquisition. C]5.1 »F and Rj = 10k produce 
a 159 Hz break/frequency and a lossy network. 

The selection of the syllabic filter components illustrates 
an interesting property of the codec. The operation of the 
simple delta modulator may be investigated by deriving its S 
plane transfer function. The comparator is modeled with a 
unit limiter and a summer. The unit limiter has a describing 
function in S if the system is analyzed for sinusoidal inputs of 
the form e sin wt, that is . 


Digital Output = 4A e sin wt where A is the peak voltage of 
we the unit limiter. 


It is obviously a non-linear element since the transfer func- 
tion is dependent on the magnitude of the input signal. 

The integration filter has a straightforward transfer func- 
tion description: 


Analog Vo t _ Rx 
Digital Voyt = Cx(S+ 1/RyCp) 


where Rx is connected from the comparator output to the in- 
tegrator input and sets the gain of the simple delta 
modulator. 

The closed loop delta modulator model is then 


Analog Vout _ 1 
esinwt — 4ARx 


1+ SG] G+ RICp 


Note that the response of the codec is a function of the 
magnitude of the input level. Closed loop CVSD systems can 
be analyzed for steady state inputs by substituting the 
syllabic filter voltage which corresponds to an applied e for 
A. Thus, the gain of the delta modulator is varied to accom- 
modate the applied input level. 
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For a CVSD circuit to perform as an adjusted delta 
modulator, the model equation indicates that A. e must be 
nearly constant. The syllabic filter time constant must be 
large compared to the input frequency. For a maximum in- 
put frequency of 3300 Hz, the time constant must be much 
larger than the 0.3 ms. Thus 3 ms is the minimum allowed RC 
product for the syllabic filter in voice band applications. The 
syllabic nature of voice is responsible for the name ‘‘syllabic 
filter’’. A CVSD codec can only effectively transmit signals 
whose e varies at a frequency much lower than the funda- 
mental frequency of the signal. Conveniently, voice, modem 
signals and DTMF signals have this syllabic property. 

In Figure 3, a 6 ms time constant is used. In Figure 5, 3 ms 
charge and 9 ms discharge time constants are used to improve 
attack time without sacrificing constant A. Voice syllables 
tend to have this kind of shewed envelope. 


CLOCK RATE AND SHIFT REGISTER LENGTH 


The prime design constraint of a CVSD channel is the 
channel bit rate. Since delta modulator produces a serial un- 
framed bit stream, the bit rate and sample frequency are the 
same. Obviously, as the clock rate increases so will the end to 
end performance. Clocks from 9600 kHz to 64 kHz can be 
used in various applications. 16 kHz, 32 kHz, and 37.7 kHz 
have the greatest acceptance in practical voice communica- 
tion equipment. — 

After fixing the system bit rate, the shift register length 
selection must be made. The length of the shift register deter- 
mines the amount of past history which will be taken into ac- 
count in predicting slope. As the clock rate changes, so does 
the amount of signal time recorded by the shift register. 
Therefore, at rates below 16 kHz a three bit algorithm pro- 
duces the best results. From 16 kilobits and up, either 3 or 4 
bits may be used. Four bit algorithms provide flatter S/N 
performance because they account for a longer average past 
history of steady state signals. However, the transient 
response to level changes is slightly degraded because of the 
slower companding response. 

The integrated circuit is produced with either 3 or 4 bit 
registers and is selected by laser link cutting rather than mask 
option. Depending on the results of the idle channel trim cor- 
rections, the die requiring the smallest step sizes is made into 
a 4 bit register. 


LOOP GAIN CONSIDERATIONS 


The feedback gain of the CVSD codec is set by the selec- 
tion of Rx in Figure 3. After the clock rate, this gain is the 
most critical parameter of codec performance. Since the 
CVSD algorithm improves the dynamic range of the delta 
modulator for lower level inputs, the selection of loop gain 
should be based on the near maximum amplitude and fre- 
quency signal which must be transmitted. Experimental data 
shows that a CVSD codec produces optimum S/N ratio when 
the companding algorithm is active between 5% and 25% of 
the time. Taking this into account, the gain resistor Rx can be 
selected by determining the required integrator current which 
will produce the needed step size for a specified input signal. 
Then the resistor should source the required current when the 
syllabic filter output is about 25% of its maximum value. 

The current required to move the integrator output a 
specific voltage from zero is simply 


_ Vo ie CydVo 
RJ dt 


I] 


Now a 0 dBmo sine wave has a peak value of 1.0954 volts. 
In 1/8 of a cycle of the sine wave centered around the zero 
crossing the sine wave changes by approximately its peak 
value. The CVSD step should track that change. The re- 
quired current for a 0 dBm 1 kHz sine wave is 


I _1.1 volt , 0.1 F 1.1 _ 9 935 ak 
*2(10k) 0.125 ms 


*The maximum voltage across Ry when maximum slew is 
required is 1.1 V 
Z 


+5V TO +15V 
@) 


DIGITAL 
OUT 


SHIFT REG. 
Qo Qi Q2 Q3 


ANALOG OUT 


FIGURE 3 — BASIC CVSD ENCODER 
Single Pole Integration and a Single Pole Syllabic Filter 
Are Sufficient for Many Voice Channel Applications. 
Selection of External Components Tailors the Integrated Circuit 
to the Application. 


Now the voltage range of the syllabic filter is the power sup- 
ply voltage, thus 


i 
Rx =0.25(V 
| (VCO) 9935ma 


for a 5 volt supply Rx =1.3 k 


- MINIMUM STEP SIZE 


The final parameter to be determined for the simple en- 
coder in Figure 3 is the minimum step size. With no input, 
the CVSD digital output becomes a one zero alternating pat- 


_ tern and the analog output becomes a small triangle wave. 


The peak to peak value of that triangle wave is the idle chan- 
nel step size. Its meaning is analogous to the 1% LSB quan- 
tization error of a conventional D to A converter. The codec 
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cannot resolve or transmit signal levels smaller than the 
minimum step size. In theory, one would wish to make this 
parameter go to zero. However, practical errors such as up 
and down ramp matching, comparator hysteresis, and filter 
op amp offsets combine to cause the idle channel analog out- 
put to drift away from the zero dc reference. The codec then 
produces two ones or two zeros in order to restore the level. 

To set the idle channel step size, the value of R min must 
be selected. With no input signal, the slope control algorithm 
is inactive. A long series of ones or zeros never occurs. Thus, 
the voltage across the syllabic filter, the voltage divider of Rs 
and Rmin (see Figure 3) sets the minimum allowed voltage 
across the syllabic filter capacitor. That voltage divided by 
Rx must produce the desired ramps at the analog output. 
Again we write the integrator current equation 


ly=—+c; — eve . For small Vo _— VO 2, 


RJ dt R] 


Iy=Cy 4V° where AT is the clock period and AVo is the de- 
AT 
sired peak to peak value of the idle output. 

Thus if Rx and Rg are known, R min may be calculated for 
any system. The design of Figure 3 is complete. 

Figure 4 describes the performance of the codec in Figure 3 
with two sets of curves. The codec was optimized around 
0 dBm but the S/Nc ratio falls only 6 dB at —30 dBm. The 
low pass nature of the codec and the change of frequency 


response with input level is documented on the left of the ' 


figure. 


S/N IMPROVEMENT USING TWO . 
POLE INTEGRATION 

-One pole integration filters are not the only possibility. If a 
two pole integration network is used instead of the simple 
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one pole, an S/N improvement can be realized. An encoder 
using such a network is shown in Figure 5. Adding a second 
pole in the transfer function of the integrator simply reduces 
the total noise bandwidth of the analog output without af-. 
fecting the relevant voice energies. From another point of 
view, a 11110111 input to a single pole integrator produces a - 
large ramp reversal at the 0 value since the 0 step will be in the 
opposite direction but equal in magnitude to the 1 ramp 
before and after it. Since the analog signal is band limited, it 
was obviously continuing to decrease at the 0 step and an er- 
ror in tracking is encountered. If two pole integration is used, 
the 101 reversal is filtered and the 0 step is much smaller than 
the 1 step preceding it in the long string of ones. Thus the 
total error is less. A two pole filter can improve noise perfor- 
mance by 3 or more dB across the entire input level range. 

The first pole is still placed below 300 Hz to provide the 
1/S voice content curve and a second pole is placed some- 
where above the 1 kHz frequency. For telephone circuits, the 
second pole can be placed at 1.8 kHz to exceed the 1633 
DTMF frequency. The lower the second pole frequency, the 
greater the noise improvement. To ensure the encoder loop 
stability, a zero is added to keep the phase shift less than 
180°. This zero should be placed slightly above the low pass 
output filter break frequency so as not to reduce the effec- 
tiveness of the second pole. A network of 244 Hz, 1.8 kHz 
and 5.3 kHz is used for telephone application in Figure 5 
while 160 Hz, 1.2 kHz and 2.8 kHz might be used in voice 
only channels. The integration filter in Figure 5 has a transfer 
function of 


RoR; S+— 
Vout 0 i R C 
lin ~ 1 1 
R2C2(Ro+Ry) S+———_ So 
(Ro+Ry)Cj R2C2 


The selection of the two pole filter network affects the selec- 
tion of the loop gain value and the minimum step size 
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FIGURE 4-— SIGNAL TO NOISE PERFORMANCE AND FREQUENCY RESPONSE 
. Data Result From Testing the Circuit in Figure 3. 
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FIGURE 5 — TELEPHONE QUALITY DELTA MODULATOR CODER 
Both Double Integration and Active Companding Control Are Used to Ootain Improved CVSD Performance. 
Laser Trimming of the Integrated Circuit Provides Reliable Idle Channel and Step Size Range Characteristics. 


resistor. The required integrator current for a given change in 
voltage now becomes 


Vout R2C2 RC AVout , 


aS eS a? 
in Ro Ro + Ro +Cj AT 
RjCyR2C2 AVout2 


Ro AT2 


The calculation of desired gain resistor Rx then proceeds 
exactly as previously described using this current equation. 


R2C2C] + 


SUBSCRIBER CARRIER TELEPHONE QUALITY 
CODEC USING MC3418 


Two specifications of the integrated circuit are specifically 
intended to meet the performance requirements of commer- 
cial telephone systems. First, slope polarity switch current 
matching is laser trimmed to guarantee proper idle channel 
performance with 5 mV minimum step size and a typical 1% 
current match from 10 pA 7o = pA. Thus a 300 to | range of 
step size variation is possible. Second, the MC3418 provides 
the four bit algorithm currently used in subscriber loop 
telephone systems. 

With these specifications and the circuit of Figure 5, a 
telephone quality codec can be mass produced. 


The circuit in Figure 5 provides a 30 dB S/Nc ratio over 50 
dB of dynamic range for a 1 kHz test tone at a 37.7 kilobit 
rate. At 37.7 kilobits, 40 voice channels may be multiplexed 
on a standard 1.544 megabit TI facility. This codec has also 
been tested for 10-7 error rates with asynchronous and syn- 
chronous data up to 2400 baud and for reliable performance 
with DTMF signaling. Thus, the design is applicable in 
telephone quality subscriber loop carrier systems, subscriber 
loop concentrators and small PABX installations. 


THE ACTIVE COMPANDING NETWORK 


The unique feature of the codec in Figure 5 is the step size 
control circuit which uses a companding ratio reference, the 
present step size, and the present syllabic filter output to 
establish the optimum companding ratios and step sizes for 
any given input level. The companding ratio of a CVSD 
codec is defined as the duty cycle of the coincidence output. 
It is the parameter measured by the syllabic filter and is the 
voltage across Cg divided by the voltage swing of the coin- 
cidence output. In Figure 5, the voltage swing of pin 11 is 6 
volts. The operating companding ratio is analoged by the 
voltage between pin 10 and 4 by means of the virtual short 
across pin 3 and 4 of the V to I op amp within the integrated 
circuit. Thus, the instantaneous companding ratio of the 
codec is always available at the negative input of Al. 
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The diode D1 and the gain of Al and A2 provide a com- 
panding ratio reference for any input level. If the output of 
A2 is more than 0.7 volts below VC(/2, then the positive in- 
put of Al is (VCC/2—0.7). 

The on diode drop at the input of Al represents a 12% 
companding ratio (12% =0.7 V/6 V). 

The present step size of the operating codec is directly 
related to the voltage across Rx which established the in- 
tegrator current. In Figure 5, the voltage across Rx in a direc- 
tion which reduces the difference between the companding 
reference and the operating ratio by changing the step size. 
The ratio of R4 and R3 determines how closely the voltage at 
pin 4 will be forced to 12%. The selection of R3 and R4 is in- 
itially experimental. However, the resulting companding 
control is dependent on Rx, R3, R4, and the full diode drop 
D1. These values are easy to reproduce from codec to codec. 

For small input levels, the companding ratio reference 
becomes the output of A2 rather than the diode drop. The 
operating companding ratio on pin 4 is then compared to a 
companding ratio smaller than 12% which is determined by 
the voltage drop across Rx and the gain of A2 and Al. The 
gain of A2 is also experimentally determined but once deter- 
mined, the circuitry is easily repeated. 

With no input signal, the companding ratio at pin 4 goes to 
zero and the voltage across Rx goes to zero. The voltage at 
the output of A2 becomes zero since there is no drop across 
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Rx. With no signal input, the actively controlled step size 
vanished. 

The minimum step size is established by the S500 k resistor 
between Vcc and VC(C/2 and is, therefore, independently © 
selectable. 

The signal to noise results of the active companding net- 
work are shown in Figure 6. A smooth 2 dB drop is realized 
from +12 dBm to —24 under the control of Al. At —24 
dbm, A2 begins to degenerate the companding reference and 
the resulting step size is reduced so as to extend the dynamic 
range of the codec by 20 dBm. The slope overload character- 
istic is also shown. The active companding network produces 
improved performance with frequency. The 0 dBm slope 
overload point is raised to 4.8 kHz because of the gain 
available in controlling the voltage across Rx. The curves 
demonstrate that the level linearity has been maintained or 
improved. 

The codec in Figure 5 is designed specifically for 37.7 
kilobit systems. However, the benefits of the active com- 
panding network are not limited to high bit rate systems. By 
modifying the crossover region (changing the gain of A2), 
the active technique may be used to improve the performance 
of lower bit rate systems. . 

The performance and repeatability of the codec in Figure 5 
represents a significant step forward in the art and cost of 
CVSD codec designs. 
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FIGURE 6 — SIGNAL TO NOISE PERFORMANCE AND FREQUENCY RESPONSE 
Data Document the Improvement Realized with the Circuit in Figure 5. 
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Time-slot assigner chip cuts 
multiplexer parts count 


by Henry Wurzburg 


Motorola Inc., Semiconductor Group, Phoenix, Ariz. 


In some communications systems, particularly digital 
telephony equipment, it is hard to examine the data from 
a given source after it has been time-division—multi- 
plexed with other data for serial transmission over a 
common data line. Capturing the data from its time slot 
and converting it into parallel form for examination 
usually requires many integrated circuits, since the slot 
must be programmable. 

A special-purpose IC, the MC14417 time-slot assigner 
carries out this serial-to-parallel function with the aid of 
only a few inverters and one other 1c. What’s more, the 
cost of implementing the circuit is only a few dollars. 

The timing of a simple three-slot TDM system is shown 
in (a). In digital telephone systems, a data frame may 
consist of anywhere from 24 to 40 time slots, each 
containing 8 bits of data transmitted at rates of up to 
2.56 megabits per second. 


FRAME SYNC 
DATA CLOCK 


DATA BIT 


ore 


ARTICLE 2 


In the all-complementary-MOS capture circuit of (b), 
the MCi4094 shift register acis as a sériai-io-parallel 
converter, while the 14417 computes when the data is to 
be captured and converted. Just which time slot it cap- 
tures is determined by the binary data present at inputs 
D.—-D; of the 14417. The circuit also provides a valid- 
data output signal. As for speed, the circuit works for 
clock rates of up to 2.56 MHz with systems having up to 
40 time slots. 


Implementing a parallel-to-serial converter for multi- 
plexing data onto the TDM data line is equally simple if 
the 14417 is used as shown in (c). Here, a three-state 
buffer prevents the serial data bus from being loaded 
during idle time-slot periods. The frequency limitations 
of this second circuit are the same as for the capture 
circuit. C] 
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The right slot. Time-domain multiplexing (a) assigns to data from several sources specific time slots in a serial data stream. Capturing data 
from a specific slot is made easy with the MC 14417 time-slot assigner (b), which works with the MC 14094 shift register to provide data from 
the source dictated by the select inputs of the 14417. The versatile chip can also provide parallel-to-serial multiplexing (c). 
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Telecomm ICs create low-cost _ 
phone links 4 miles long 


Although the maximum recommended length for 
communications links over uncompensated 24 AWG 
twisted-pair wires is 4000 ft, a few off-the-shelf 
integrated circuits, when configured as a line driver, 
will drive a communications link with a maximum 
length of over 4 miles. The bandwidth of over 3000 
Hz is adequate for remote control, sensing, and even 
private-telephone voice communications. 

Any subscriber-loop interface circuit (SLIC) can 
be used to drive the line. In Fig. 1, a SLIC interfaces 
with voltage-to-frequency and frequency-to-voltage 
converters and a line terminator. Thus a dc voltage 
related to a process at a remote site can be measured 
from a central location and a corrective de voltage 
can be sent in the reverse direction to adjust or 
control the process. 

A variety of ICs can be interfaced with the basic 
driver for signaling or for data or voice transmission. 
Analog-to-digital and digital-to-analog converters— 
such as codecs and CVSDs (continuously variable- 
slope delta modulators used for voice companding) 
—perform the front-end data conversion for a low- 
cost computer link. A variety of dual-tone multifre- 
quency (DTMF) encoders and decoders facilitate 


V-f converter 
Vv 


control 


1. The maximum range of an RS-232 or RS-422 communications link can be extended to over 4 miles of 


simple signaling over privately owned twisted pairs. 


A line-driver card exemplifies the simple hardware 
configuration required (Fig. 2). The SLIC uses two 
Darlington pairs as pass transistors to handle cur- 
rents of up to 120 mA. Changing the value of the 
59-kQ. resistor used in the feedback path of the 741 
operational amplifier will adjust the transmission 
output gain. The MDA220 rectifier bridge protects 
the circuit against lightning damage. 

The line-terminator card converts a bidirectional 
two-wire line into two pairs of unidirectional lines, 
one transmit and one receive, and then amplifies the 
received and transmitted signals. A simple 
terminator can be made with the hybrid transformer 
and two varistors from a telephone handset. Even 
if a more sophisticated terminator card were built 
using a speech-network IC, the cost of the entire 
system would be less than the cost of the modems, 
PBX lines, or rf transceivers used for short-range, 
private communication links. 

John Hines, Design Engineer, Motorola Inc., 
Bipolar Integrated Circuits Group, Linear IC 
Division, 5005 E. McDowell Rd., Phoenix, Ariz. 
85008. 
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uncompensated 24 AWG wires by aline-driver card based ona single-chip subscriber-loop interface circuit. 
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2. Aline-driver card requires a SLIC, two Dartington pairs, a rectifier bridge for lightning protection, and 
an operational amplifier. A resistor in the op amp’s feedback path adjusts the transmission output gain. 


“Reprinted with permission from Electronic Design, Vol. 30, No. 11; copyright Hayden Publishing Co., Inc., 1982.” 
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UDLT Evaluation Board 


INTRODUCTION 


To help meet the demands for a cost effective solution to 
the ever growing voice/ data world within the digital telephone 
and PBX realm, Motorola has created the Universal Digital 
Loop Transceiver (UDLT) voice/data circuit family. The pur- 
pose of this application note is to render an understanding of 
the UDLT voice/data family and show a typical application for 
these CMOS parts. This is an evaluation of the application and 
performance of the MC145422/26 UDLT demonstration board, 
which was designed and built for customer evaluation. 


FUNCTION OF PARTS 
UDLT’s 


The UDLT master (MC145422) and slave (MC145426) are 
transceivers that provide 80 kilobit-per-second full duplex syn- 
chronous voice and data communication to distances of two 
kilometers on 26 AWG twisted pair and further on heavier 
gauge pairs. The modulation technique used is a 256 kilobaud 
Modified Differential Phase Shift Keying (MDPSK) type burst. 
The MDPSK triangular waveform used in this modulation 
technique reduces radiation, EMI, and crosstalk due to its 
compact frequency spectrum. 

The master which is used at the telephone switch linecard 
bursts ten bits to the slave, consisting of eight bits of 
voice/ data and two signaling bits. The slave, which is used at 
the terminal or digital telephone, receives the burst from the 
master and upon demodulation of the burst synchronizes its 
clocks, and bursts ten bits back to the master. This “‘ping- 
pong” technique occurs within a 125 microsecond frame 
period and allows end to end full duplex, synchronous opera- 
tion. This full duplex operation between the master, at the 
digital linecard and the slave/mono-circuit, at the digital 
telephone, enables each set to have high speed access to the 
PABX switching facility. 

At the linecard a microprocessor has complete control of 
the master. The Signal Enable input (SE) is a three state con- 
troller pin which if held high enables the power down, loop- 
back and the two signaling bits, thus allowing these signals to 
be bussed to the microprocessor. The master can be program- 
med via the Signal Insert Enable (SIE) pin to insert signaling bit 
two into the LSB of the PCM word at Tx. This allows 
simultaneous voice and data transmission through the PABX 
without the need of changing existing hardware and software. 
Both the master and the slave have power down and loopback 
features for system power conservation and testing. The 
power down pin on the slave is a bidirectional pin. It can be 
used as an input to initiate a call. When the PD pin is pulled 
high, the slave will continue to burst every other frame (once 
every 250 microseconds) until the master responds by 
bursting. Once the master responds, the slave synchronizes to 
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ping-pong with the master at an eight kilohertz rate. The PD 
pin can be left floating as an output, in which case the slave 
will pull PD high until the slave stops receiving bursts from the 
master then it will take PD low and stop bursting until PD is 
brought high or the master bursts again. A three state control 
can be used on this pin if the designer wants to send data to 
the master during a power down. The slave also has a Tone 
Enable input pin (TE) which when held high generates a 500 
hertz square wave tone at approximately —20 dBm0 which 
can be used in the digital telset to provide audio feedback. 


MONO-CIRCUITS 


Motorola’s family of Pulse Code Modulation (PCM) mono- 
circuits incorporate a codec, filter and voltage reference into a 
single IC. The general block diagram for Motorola’s mono- 
circuits is shown in Figure 1. These devices perform the 
digitizing and recovery, as well as the band-limiting and 
reconstruction filtering necessary for voice digitization in 
telephone systems. The mono-circuits are tailored for a variety 
of telephone switch architectures. The family consists of five 
different device types. The MC14400, MC 14403, and MC 14405 
16 pin devices, the MC14401 18 pin device and the MC14402 
22 pin device allow designers to optimize for minimal con- 
figurations or select a full set of features. The MC14403, for 
example, can be used where minimal space is desired for the 
digital phone design whereas the MC14402 is available for 
maximum flexibility. The mono-circuit incorporates the band- 
pass filter required for antialiasing and 60 hertz rejection, the 
A/D, the D/A, both for either U.S. Mu-Law or European 
A-Law companding formats, the lowpass filter required for 
reconstruction smoothing, on-board precision voltage 
reference and does not require any external components. 

In this demonstration board, the full featured 22 pin 
MC14402 mono-circuit is used in the slave circuit showing its 
ability to adjust the receive gain while maintaining a low im- 


_ pedance output using the RxO, RxG, and RxO pins, The 


MC14403 is used on the master board showing a simple 16 pin 
solution for the telephone handset interface. 


DATA SET INTERFACE (DSI) 


The MC145428 Data Set Interface (DSI) provides the asyn- 
chronous to synchronous and synchronous to asynchronous 
data conversion. This low power five volt CMOS device is 
ideally suited to interface between the RS-232 compatible data 
port of any voice/data digital telset or terminal and the syn- 
chronous data channel of the UDLT. A block diagram of the 
Data Set Interface is shown in Figure 2. 

There are two basic modes of operation for the syn- 
chronous channel interface. In the first mode the DSI inter- 
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Figure 1. Block Diagram of the Mono-circuits 
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Figure 2. Block Diagram of the Data Set Interface 


faces to the eight kilobits-per-second data channel. of the 
UDLT. The Clock Mode input (CM) is tied low while the Data 
Output Enable (DOE) and Data Input Enable (DIE) are tied 
high. In this mode a new data bit is clocked out of Data Chan- 
nel Output (DCO), a new data bit is clocked in at Data Channel 
Input (DCI), on each falling edge of the Data Clock (DC). 

In the second mode of operation, the clock mode is held 
high. In this mode the DSI is intended to interface with the 
UDLT’s 64 kilobits-per-second data channel. Data is clocked 
out under control of DOE and the rising edge of DC. Data may 
be clocked out at a maximum length of eight bits per enable 
high period. Data is clocked into DCI under control of DIE high 


and the falling edge of DC. The maximum word size is also — 


eight bits per DIE high period. 


Asynchronous data is input on the TxD pin from the output 
of the RS-232 receiver. This data must have at least one start 
and one stop bit and at least eight data bits, but will accept 
nine. The length of the data word is set by the DL pin. A high 
on DL selects a nine bit data word and a low selects an eight 
bit data word. The baud rate at which the DSI accepts data on 
the TxD pin, and outputs data on the RxD pin, is selected with 
the BR1, BR2, and BR3 pins which derive the internal sampl- 
ing clock. The internal baud rate generator may be programm- 
ed to accept common asynchronous data rates from 300 to 
38.4 kilobits-per-second. This internal sampling clock is 16 
times the selected baud rate. If BR1-BR3 are all set to logic 
zero then an externally supplied 16 times clock can be used on 
the Baud Clock pin (BC) thus giving the user a variable data 
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rate from zero to 128 kilobits-per-second. For the internal baud 
rate generator to be accurate, a 4.096 megahertz clock must 
be used at the BC pin. If the internal baud rate generator 
dividers are used with a BC clock other than 4.096 megahertz, 
the data rate may be directly scaled. 

Data input on the TxD pin is stripped of its start and stop 
bits and is loaded into the transmit FIFO register. If the 
transmit FIFO holds more than two data words or if RESET is 
held low, then the (TxS) Transmit Status output pin will go 
low. 

Data coming in from the synchronous side is loaded into the 
receive FIFO, the data has its start and stop bits inserted and is 
output at RxD at the same baud rate as the transmit side. If the 
receive FIFO is overwritten, RESET is held low, or if loss of 
synchronization occurs by the loss of the synchronizing flag 
word, then the (RxS) Receive Status output pin will transition 
low. : 


RS-232 DRIVERS/RECEIVERS 


The RS-232 Driver/Receiver chips interface the data ter- 
minal equipment with data communications equipment. 
Motorola manufactures both the MC1488 Quad Line Driver as 
well as the MC 1489 Quad Line Receiver. Both 14 pin packages 
were used in this evaluation board. Motorola also manufac- 
tures the MC145406 Driver/Receiver chip which is a silicon- 
gate CMOS integrated circuit that combines three drivers and 
three receivers compatible with the electrical specifications of 
EIA standard RS-232-C, and CCITT V.28. This part has the 
capability of running with power supplies ranging from +5 
volts to + 12 volts while operating with a maximum quiescent 
current supply of 1.45 milliamperes. By combining both the 
drivers and receivers in a single CMOS chip, the MC145406 
provides an efficient, low-power solution for RS-232-C/V.28 
applications. A footprint for the MC145406 is included on the 
evaluation board design. 


TRANSFORMER INTERFACE 


The transformer interface between the UDLT and the 
twisted pair wire is of primary importance. The major 
transformer specifications can be determined from the 
specifications of the UDLT, driver/receiver, modulation 
technique, effective characteristic impedance of the wire, at- 
tenuation of the wire and dc current feed capacity. The UDLT 
has a differential output (LO1, LO2) that can drive 440 ohms 
differentially to five volts peak to peak. The receiver has an in- 
put threshold of + 25 millivolts. The UDLT modulation method 
has maximum power bandwidth from eight kilohertz to 512 
kilohertz. To improve line settling between bursts, a band- 
width of 20 kilohertz to 512 kilohertz is used. The effective 
characteristic impedance of 26 AWG telephone twisted pair 
wire is approximately 110 ohms with an attenuation of 18 
decibels-per-kilometer at a frequency of 256 kilohertz. The 
transformer configuration is shown in Figure 3. . 

The-source impedance resistors for the LO1 and LO2 driver 
outputs were chosen to be 220 ohms on the transmit tap: This 
dictates a turns ratio of 2:1 to the line side of the transformer 
to result in an impedance match to the 110 ohms characteristic 
impedance. of the twisted pair. 

To set. the 20 kilohertz low-frequency cut off of the 


transformer interface, the inductance of the transmit winding . 


of the transformer should be 1.75 millihenries. To set the 512 


220 
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Figure 3. Transformer Configuration 


kilohertz high-frequency cut off, a 0.001 microfarads capacitor 
is connected in parallel with the transmit tap. The turns ratio 
for the receive winding is determined by the maximum at- 
tenuation of the line and the threshold of the receiver detecter. 
With an initial amplitude of 2.5 volts peak (five volts peak to 
peak) at LO1 and LO2 halved by the source resistors to 1.25 
volts peak at the transmit tap, which is halved again via the 
turns ratio to the line windings, yields 0.625 volts peak at the 
line side of the transformer. This 0.625 volts peak is reduced 
by 36 decibels or a factor of 63 to ten millivolts at the receiving 
transformer. The receiver of the UDLT has a positive and 
negative 25 millivolt threshold, which means the receive 
transformer tap needs a gain of approximately four to meet the 
needs of the receiver circuitry of the LI pin. This results in the 
transformer of the schematics, which may be obtained from: 

Leonard Electric Products Company 

85 Industrial Drive 

Brownsville, Texas 78521 

P/N P-1358-A 

The signals from LO1 and LO2 on the transmit tap are 1.25 

volts peak which through the turns ratio to the receive tap 
becomes 2.5 volts peak at LI. This can exceed the maximum 
and minimum voltage specification for L! requiring input pro- 


~ tection such as the clamping diodes on LI, shown in Figure 4. 


When using battery feed through the transformer, further 
protection is required due to loop current induced spikes at 
both transmit and receive taps of the transformer. There are 
several factors to take into consideration when determining 
the specifications for battery feed current by the center tap of 
the line side of the transformer. The maximum power is 
transferred when half of the source voltage is dropped across 
the effect source resistance. Based on a loop length of two 
kilometers with a dc resistance of 270 ohms per loop 
kilometer, a current of 44 milliampheres is the maximum 
power transfer current. The loop current chosen for the 
specification is 100 milliampheres. The circuit of Figure 4 is an 
example of this type of protection. 


EVALUATION BOARD DESCRIPTION 


The Motorola UDLT evaluation board is a single sided PC 
board that consists of all the necessary circuitry for end to end 
operation and demonstration of the 80 kilobits-per-second full 
duplex synchronous data link of the UDLT master and slave. 
The evaluation board itself consists of two smaller boards; a 
master board and a slave board. These two boards may be 
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Figure 4. Application Circuit For the 
Transformer Interface 


separated by cutting the panel in half along the two markers, 
shown in Figure 7. The master board schematic is shown in 
Figure 5 and the slave board schematic is shown in Figure 6, 
while the artwork is shown in Figure 7. 

The master board contains the master UDLT (MC145422), 
DSI (MC145428), Mono-circuit (MC14403), the MC 1488/1489 
or MC145406 RS-232 drivers and receivers, and the necessary 
clock circuitry to drive these parts. The master board emulates 
both another digital telset plus the telephone switch interface 
to the slave board. The master typically is used in the digital 
switch at the PBX, networked with other digital and analog in- 
terface circuits. 

The slave board contains the slave UDLT (MC145426), DSI 
(MC145428), Mono-circuit (MC14402), MC1488/1489, or 
MC145406 RS-232 Driver/Receiver chips. The slave side 
emulates a digital telephone where the analog information is 
digitized at the phone and the information from the phone is 
digital. 

Both master and slave boards have their second eight kilobit 
signaling channel connected to a DS! for up to 9600 baud of 
user data simultaneously independent of voice. The baud rates 
are selected with switches BR1-BR3 (see strapping informa- 
tion). Each board has a DB-25 connector for easy connection 
to any terminal. Only TxD, RxD, and Ground are connected on 
the DB-25. Data to and from the DB-25 is fed through the 
MC1488, MC1489 and the MC145406 Driver/Receiver chips. 
The socket for the MC145406 RS-232 Driver/Receiver chip is 
included on each board for evaluation. This part can replace 
both the driver and receiver chips. Once replaced, the user at 
his option can cut the MC1488 and MC1489 pads out of the 
PC board along the dashed lines. This enables each board to 
fit in a K-2500 phone. 

Each board has an RJ-11 socket for easy connection to any 
modular handset. The signal from each handset is fed through 
the respective mono-circuit into the 64 kilobit voice channel on 
the UDLTs. Both master and slave boards have space for a 


push button switch which can be hardwired onto the SI1, 
along with an LED on SO1 for signaling on channel one. This 
channel is optional to the user and can be used with a micro- 
processor in the phone or a pulse dialer. Signaling bits one and 
two provide eight kilobits-per-second each of protocol in- 
dependent data. Switches permit access to particular features 
of the voice/data integrated circuits on both boards, as ex- 
plained below. 


STRAPPING INFORMATION 


The component layout is shown in Figure 8. The layout 
shows the footprints for switches which can be used with wire 
straps. The solid lines indicate the normal strap positions 
which; select Mu law, 9600 baud data rate, with one start bit, 
eight data bits and one stop bit. The dip switches can be used 
if desired and can be obtained from: 

Grayhill Inc. . 
561 Hillgrove Avenue 
La Grange, Illinois 60525 


P/N Name Qty 
78J05 $1, $2 3 
78J02 S3 1 


STRAPPING ON THE MASTER 
S1 — These straps select via U2 (MC145428 DSI) the number 
of stop bits, the length of the data word and the baud rate 
selected for the asynchronous data. 
SW1 — (SB) A high selects two stop bits; a low selects one 
stop bit. 
SW2-SW4-(BR3-BR1) — These bit rate inputs select the 
asynchronous bit rate, either externally supplied at the BC 
pin (16 times clock) or one of the supplied bit rates shown in 
the table on page 2-309 of the Telecommunications data 
book. 
SW5 — (DL) This Data Length input pin selects a nine bit 
data word when high or an eight bit word when low. 
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Figure 5. Master UDLT Demo Board 
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MASTER UDLT DEMO BOARD 


PARTS LIST 
PART QUANTITY 
(PART NUMBER) 

MC145422 1-U1 

MC145428 1-U2 

MC14403 1-U3 
MC145406 1-U4 

MC1489 1-U5 

MC1488 1-U6 
MC14069UB 1-U7 
MC74HC74 1-U8 
MC74HC393 1-U9 

LEPCO P-1358A 1-T1 

DB25 

RJ11 


GRAYHILL (SPDT 78J05) 
CUTLER-HAMMER B8500W/PZ81R 
GRAYHILL (SPDT 78J02) 
BANANA JACKS 

20 pF 

0.1 uF 

10 pF 

10M 


10 Q 
CRYSTAL 
JUMPERS 
DIODES 1N914 
LED (T1) 
2N2907 


SOLDER TAIL SOCKETS 


14 PIN 
16 PIN 
20 PIN 
22 PIN 
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S2 — This switch is optional and is hardwired to signaling — 


channel one for demonstration using LEDs. The footprint for 
this switch is included on the board. 
This switch can be obtained from: 
Cutler- Hammer 
P/N B8500W/P281R 
S3 — These straps select Mu or A laws and power down on 
the MC14403 Mono-circuit and MC145422 master UDLT. 
SW1 — (PD) This strap when high, powers both the mono- 
circuit and master UDLT. When low, both parts are 
powered down. 
SW2 — (Mu/A) Selects Mu or A law coding. 
Loopback and Valid Data on the master can be accessed via 
pads. 


STRAPPING ON THE SLAVE 


S1 — Same as S1 on the master; selects asynchronous data 
format and bit rate. 


$2 — These straps select Tone Enable, Power Down, Mu/A, 
and Loopback features of the slave (MC145426) as well as 
Mu/A and Power Down on the MC14402 Mono-circuit. 
SW1 — (TE) A high enables a 500 hertz tone. 
SW2 — (PD) Powers both the slave and mono-circuit up or 
down. High = powered up, and Low = powered down. 
SW3 — (Mu/A) Selects Mu or A law coding for the mono- 
circuit. 
SW4 — (Mu/A) Selects Mu or A law coding for the slave 
UDLT. 


SW5 — (LB) When low, the 64 kilobits-per-second of infor- 
‘mation coming from the master will loop through the slave 
and return to the master. The signaling bits are unaffected. 


S3 — Same as the S2 switch on the master. 


POWER SUPPLY CONSIDERATIONS/LAYOUT 
GUIDELINES 


The power supply requirements for these boards are Vpp at 
+ 5 volts, Vss at —5 volts and Vcc which is the RS-232 driver 
positive voltage of + 7 to + 12 volts for the MC1488. Vcc may 
be as low as +5 volts with the MC145406 Driver/Receiver 
chip. The power supply current required by each of these 
voltages is less than 30 milliamperes. This results in a total 
slave board power consumption of less than 400 milliwatts. 
This amount of power may be supplied by the loop using a 
linear supply. To isolate the RS-232 port with respect to earth 
ground, a switching regulator powered by the loop or an ex- 
ternal power supply will be required. If a switching regulator is 
used, it should be synchronized to the eight kilohertz and 128 
kilohertz clocks of the slave UDLT to reduce the affects of 
aliasing noise into the analog circuitry of either the UDLT or 
audio voice channel. This function will be supported by the 
MC34129 Digital Telephone. Switching Power Supply Con- 
troller chip. This device has the capability to power-up and 
regulate on its internal oscillator. After regulation is establish- 
ed it can synchronize to an external clock such as the slave's 
128 kilohertz clock. 


SLAVE UDLT DEMO BOARD 


PARTS LIST 

PART QUANTITY PART QUANTITY 

(PART NUMBER) (PART NUMBER) 
MC 145426 1-U1 500 2 1-R6 
MC145428 1-U2 10 K 1-R7 
MC14402 1-U3 56 K 1-R8 
MC145406 1-U4 220 0 2-R9, R10 
MC1489 1-U5 10 K 3-R11, R13, R2 
MC1488 1-U6 1K 1-R12 
LEPCO P-1358A 1-T1 10 Q 2-R14, R15 
DB25 1 JUMPERS 12 
RJ11 1 CRYSTAL 1-4.096 M 
GRAYHILL (SPDT 78J05) 2-S1 & S2 LED (T1) 1 
CUTLER-HAMMER B8500W/P281R 1-S3 DIODES 1N914 2-D1, D2 
BANANA JACKS 6 2N2907 1 
20 pF CAPS 2-C1 & C2 
0.1 »F CAPS 10-C3-C11, C14 SOLDER TAIL SOCKETS 
10 »F CAPS 2-C12, C13 14 PIN 2 
10M 1-R1 16 PIN 1 
5K 1-R3 20 PIN 1 
330 2 1-R4 22 PIN 2 
5 K 1-R5 
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Figure 6. Slave UDLT Demo Board 
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Figure 8. Component Layout 


NOTE: Drawings are not actual size. 
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A Voice/Data Modem 


Using the MC145422/26, 
MC145428 and MC14403 


GENERAL APPLICATIONS | 


This voice/data application allows an analog telephone sys- 
tem to support simultaneous voice and data across a single 
twisted-wire pair. Figure 1 shows how this system is imple- 
mented. To use the voice/data modem, the analog telephone 
line must be intercepted at the telephone system by one mo- 
dem (the PBX-CPU Interface). The analog signals are then 
converted to digital signals, combined with data and trans- 
mitted down the remaining line as a digital loop. The second 


modem (the Telset-Terminal Interface) terminates the digital ' 


loop, reconstructs the analog signals and sends this infor- 
mation to the telephone that is plugged into the modem. The 
digital data is removed from the digital loop information and 
routed to the endpoint terminal. Any signalling information 
(hookswitch status and ringing) is handled by a second data 
channel, and it too is combined with the data and digitized 
voice for transmission on the digital loop. 


ANALOG CODING AND DECODING 


Analog signal digitization and reconstruction on both mo- 
dems are done by the MC14403 Mono-circuit. The mono- 
circuit band limits incoming analog signals to prevent aliasing 
and then samples them with a sample and hold amplifier. This 
information is then digitized by an on-board analog-to-digital 
converter. This converter creates an eight bit ‘companded’ 
word for each sample by converting the signal to a pseudo- 
logarithmic form known as Mu-Law companding (A-Law com- 
panding is also available). In this manner approximately 78 dB 
of dynamic range can be represented by compromising the 
signal-to-distortion specifications. The mono-circuit is also ca- 
pable of performing the reverse digital-to-analog conversion 
for this ‘companding’ technique. There is a reconstruction filter 
to convert the resultant stepped waveforms into a continuous 
waveform that very closely approximates the original analog 
input. 


THE DIGITAL LOOP TRANSMISSION 


The MC145422 master Universal Digital Loop Transceiver 
(UDLT) and MC145426 slave UDLT are used to transmit the 
digital information between the modems. In addition, the slave 
UDLT must be capable of determining and maintaining syn- 
chronization with the master UDLT so that word boundaries 
may be defined. The UDLT transmits a 10 bit, 256 kilobaud 
burst of information at an 8 kHz rate. By controlling the fre- 
quency of the burst from the master, the slave can sense and 
generate syncs. In this 10 bit word is the 8 bit voice sample 
along with one signalling bit and one data bit. Since each burst 
carries one digital ‘‘voice’’ word, the UDLT must create bursts 
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at a rate of 8 kHz. This obviously means that both the data 
channel and the signalling channel operate at an 8 kbps speed. 


ASYNCHRONOUS TO SYNCHRONOUS DATA 
CONVERSION 


‘Since data is transferred at an 8 kbps rate in a synchronous 
mode, the MC145428 Data Set Interface (DSI) is used to con- 
vert an asynchronous data stream into the 8 kbps synchronous 
stream. The DSI can take data at speeds up to 9600 baud on 
the asynchronous channel and convert it to 8 kbps synchron- 
ous. The DSI is capable of supporting asynchronous speeds 
well in excess of 9600 baud, however, with an 8 kbps syn- 
chronous channel, dynamic handshaking on the asynchronous 
channel would be required. The DSI is also capable of con- 
verting the received synchronous data back into asynchronous 


- data at the same time. 


THE PBX-CPU INTERFACE 


Figure 2 shows the block diagram of the PBX-CPU Interface. 
This circuit contains an analog interface that mimics the tele- 
phone electrical characteristics with respect to the PBX. This 
makes the voice/data modem transparent to the telephone 
system. The RS-232-C terminal interface is a 9600 baud asyn- 
chronous interface that appears to be a modem (data set 
equipment) to the data device (data terminal equipment). The 
digital loop is a specially devised transmission scheme that 


' uses the UDLT to its fullest advantage. The digital loop is 


' energize a “ 


capable of excellent data performance (better than 8 x 107 8 
bit-error-rate in 95% of the installations) on twisted pair up to 
2 kilometers in length (26 gauge wire worst case). 

The analog loop as shown in Figure 3 must be able to provide 
all the necessary interface considerations to simulate a tele- 
phone.. The interface must be able to control the loop like a 
phone and it must be able to interface the voice signals, i.e., 
provide a 2-to-4 wire hybrid. In an idle condition (the handset 
is in the cradle or “‘on-hook’’), the telephone appears as a high 
dc impedance. The relay provides this by “breaking” the loop 
and preventing dc current flow. When the phone goes off- 
hook, the dc impedance is drastically reduced. In a normal 
environment the phone must draw a minimum 20 mA of loop 
current, and since 48 volts is supplied to the loop at all times, 
this can be accomplished with resistor R6 or R7. This would 
ring-trip’’ relay coil which would disconnect any 
ring signals in the telephone system. At the same time an 
analog voice path would be established. The ac impedance of 
the telephone is typically held to 600 ohms to maintain trans- 
mission line balance and to minimize 60 Hz noise. 
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When the phone is on hook, it must be capable of detecting 
a ring signal. Ringing is typically a 100 volt RMS 20 Hz signal 
impressed on the 48 volt dc level. In this scheme ringing is 
detected with the MC34012 (U9) bipolar ringer chip. The 2- 
to-4 wire hybrid not only preserves the 600 ohm ac impedance, 
but it also converts a 4-wire system (separate transmit and 
receive) into a 2-wire current loop environment. In this design 
this is done with a duplexer circuit made up from the mono- 
circuit op-amps and resistors R12 through R16. Diodes 4 and 
5 prevent excessive voltage transients from damaging the 
mono-circuit (U7). Engineering Bulletin EB111 provides a de- 
tailed analysis of the duplexer design. 


TIMING SIGNAL GENERATION 


The timing signals that drive the mono-circuit, UDLT (U4) 
and DSI (U5) are derived from U1, U2 and U3. U1A is a 
standard CMOS crystal oscillator topology designed for AT- 
cut parallel resonant crystals. U1B buffers the master clock 
signal (4.096 MHz) and then sends it to the DSI and U2A. 
U2A is a flip-flop that divides the signal by 2 to get the mono- 
circuit and UDLT master (CCI) and data clocks (2.048 MHz). 
U3 and U2B are a divider network that creates the 8 kHz master 
sync signal from the 2.048 MHz clock. This 8 kHz signal is 
also used as the enable signals for data communication be- 
tween the UDLT and mono-circuit, and the DSI and UDLT. 

Voice data is clocked out of both the UDLT and mono-circuit 
in 8 bit packets. These packets are defined by the 8 kHz sync 
positive-going level. This level is eight 2.048 MHz clocks long 
so the 2.048 MHz clock is the transport clock. The information 
is clocked out on leading edges. The information is clocked 
in on falling edges of the same 2.048 MHz clock and is likewise 
controlled by the positive portion of the 8 kHz signal. 

Digital data and signalling information is directly controlled 
by the 8 kHz sync. The data is clocked into and out of the 
UDLT on the leading edge of the 8 kHz signal, and into and 
out of the DSI on the falling edge of the 8 kHz signal. This 
scheme is guaranteed on the UDLT but must be set up by 
tying the CM pin low on the DSI. Data out of the DSI can be 
three-stated through the DCO pin, but in this application this 
is not necessary. The UDLT data-channel output can also be 
put into a high impedance mode by the SE pin, and again, 
this is not necessary in this application. 

The asynchronous output and input of the DS! is an NRZ 
(Non-Return to Zero) 5-volt CMOS signal that requires level 
conversion to be RS-232-C compatible. The MC145406 CMOS 
RS-232-C Driver-Receiver chip (U6) performs this function 
quite nicely. 


THE DIGITAL LOOP INTERFACE 


The UDLT provides the needed signals for digital loop trans- 
mission. The interface circuit shown is a typical circuit designed 
to utilize the UDLT features to the fullest. For a detailed de- 
scription of the digital loop, consult application note AN-943. 


THE TELSET-TERMINAL INTERFACE 


Figure 4 is the block diagram of the Telset-Terminal Inter- 
face. In a telephone system this unit must look like a line card 
to the telephone. The data communications port is once again 
intended to look like a modem. This portion of the design is 
the same as the digital loop interface. The only other variable 
part of the design is clock generation. 

_ Clock generation is the sole responsibility of the slave 
UDLT. The UDLT has an on-board crystal oscillator that uses 
a 4.096 MHz crystal to generate a master clock. From this 
clock an 8 kHz sync similar to the one used in the PBX-CPU 
Interface is generated. This sync is now called TEI and is used 
like MSI except for communication from the mono-circuit. A 
sync that is basically the inverse of TEI, called REI, is used to 
enable the mono-circuit to output digital voice, and for the 
UDLT to receive this voice. The data clock that is generated 
(128 kHz) is used to clock the data with respect to TEI and 
REl. The DS! will use TEI to clock data to and from the UDLT, 
and it will get a master 4.096 MHz clock by tapping off the 
crystal oscillator output (X2). 

The analog loop interface (see the schematic in Figure 5) 
uses the same duplexer circuit for regeneration of the 2-wire 
loop, but it must provide the complimentary signalling func- 
tions. It must first supply power to the telephone at all times 
and be able to tell when the phone is off-hook. Power is 
supplied by feeding the +5 volt supplies over the loop through 
current limiting resistors (R13 + R14). Current flow is detected 
through the opto-coupler (U5) when the phone is off-hook, 
and then hook status is passed to the loop relay on the PBX- 
CPU interface. Ringing is handled within the modem as op- 
posed to generating the ring voltage and sending it to the 
phone. The output of the UDLT signalling channel toggles at 
the typical 34012 rate when the PBX is ringing out, so this 
output is used to drive a transistor which in turn drives a piezo 
speaker. An alternate solution would be to drive a small PM- 
type speaker that has a capacitor filter to eliminate harsh har- 
monics from the square waves. 
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PBX-CPU | TELSET-TERMINAL 
INTERFACE INTERFACE 


Figure 1. Typical Voice/Data Modem Implementation 
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Figure 2. PBX-CPU Interface Block Diagram 
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PBX-CPU Interface Parts List 


R1- 10 MQ C1- 20 pF D1- 1N914 T1- Lepco P-1358-A 
R2- 220 0 C2- 20 pF D2- 1N914 T2- 600 9:600 2 
R3- 220 0 C3- 0.1 uF D3- 1N4001 SW1-5:SPDT 
R4- 1 kQ C4-0.1 nF D4- 1N4683 
R5- 10 kQ C5- 0.005 uF 1 kV D5- 1N4683 
R6- 67 1/2 W C6- 0.47 yF XTAL-4.096 MHz 
R7- 67 1/2 W C7- 2 uF U1- 74HCU04 
R8- 560 0 C8- 10 pF U2- 74HC74 
R9- 4.7 kQ C9- 0.1 wF U3- 74HC393 
R10-4.7 kQ C10-10 pF U4- MC145422 
R11-270 kQ C11-0.1 pF U5- MC145428 
R12-10 kQ C12-0.1 pF U6- MC145406 
R13-20 kO C13-0.1 pF U7- MC14403 
R14-600 2 C14-0.1 pF U8- 4N26 Optocoupler 
R15-10 kQ C15-0.1 uF U9- MC34012 
R16-20 kO C16-0.1 pF Qi- 2N2222 
R17-1.8 kO C17-4.7 pF 
R18-180 kOQ C18-1000 pF 
R19-330 2 
Telset Terminal Interface Parts List 
R1- 10 MQ -C1- 20 pF D1- 1N914 | T1- Lepco P-1358-A 
R2- 1 kO C2- 20 pF D2- 1N914 T2- 600 2:600 2 
R3- 220 0 C3- 0.1 pF D3- 1N4683 SW1-5:SPDT 
R4- 220 9 C4- 0.1 pF D4- 1N4683 
R5- 1 kQ C5- 47 uF Q1- 2N2222 
R6- 10 kD C6- 0.1 pF Q2- 2N2907 
R7- 270 kQ C7- 10 pF _ XTAL-4.096 MHz 
R8- 10 kQ. C8- 10 pF U1- MC145426 
R9- 20 kQ C9- 0.1 wF U2- MC145428 
R10-600 2 ~C10-0.1 pF —U3- MC14403 
R11-10 kO C11-1 pF U4- MC145406 
R12-20 kQ C12-0.1 uF U5- 4N26 Optocoupler 
R13-92 1/2 W C13-0.1 pF : 
R14-92 1/2 W S. 
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Figure 4. Telset-Terminal Interface Block Diagram 
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A Digital Voice/Data Telephone Set 


by 
Eric Fiene, Telecom Design Engineering, and 
Glen Zoerner, Telecom Systems Design 


OVERVIEW 


This application note presents the design of a digital voice/ 
data telephone set which provides standard analog telephone 
functions while simultaneously transmitting 9600 baud asyn- 
chronous data. This telephone set is built around Motorola’s 
MC145422/26 UDLT (universal digital loop transceiver) family 
of voice/data ICs. The UDLTs provide 80 kbps full-duplex 
synchronous communication at distances of up to two kilo- 
meters on a single 26 AWG twisted pair telephone wire. The 
MC14403 codec/filter and MC145428 data set interface (DSI) 
convert voice and data signals respectively into digital formats 
compatible with the UDLTs’ transmission scheme. The design 
includes the MC 145413, a full-featured pulse/tone dialer, and 
the MC145406, a CMOS RS-232 driver/receiver for commu- 
nicating with an external terminal or PC. An efficient switching 
power supply utilizing the MC34129 provides isolated power 
for the digital telephone set directly from the 48 V available 
on the transmission twisted pair. 


BACKGROUND 


Data has been transported over telephone lines for years, 
but the techniques for compressing the data into the voice 
bandwidth are getting more elaborate and expensive as data 
rates increase. Digital telephones simplify the task.by directly 
sending high-speed digital data over the wires for distances 
of up to 2 km. The data is combined with voice information 
digitized by the codec/filter and signalling. This combined 
signal is transported over existing wiring to a digital linecard 
in a PBX or a voice/data multiplexer. 

Digital PBXs used with analog telephones convert analog 
voice information into digital signals on the linecards for routing 
through the switch matrix. In a system where the analog tele- 
phones are replaced by digital phones, the digitization is still 
performed, but it is done in the phone itself and digital! infor- 
mation is transported on the wires. Data from an attached PC 
or terminal can easily be combined with the digital voice and 
be transported to the PBX. At the linecard, the data can either 
be routed through the switch matrix or separated from the 
voice and connected directly to a data-only PBX or computer. 


Signalling between a digital telephone and the PBX is typically — 
done by packet messages, with a microprocessor in the tele-— 


phone to interpret the messages. This digital telephone uses 
traditional tone signalling on the voice channel. Hookswitch 
status is sent to the PBX on the inbound (to the PBX) link of 
the 8 kbps Signalling Channel One, and ringing information is 


sent to the phone on the outbound (from the PBX) link of 
Signalling Channel One. 

This digital telephone could be used with a special digital 
linecard in a PBX or a voice/data multiplexer. To maintain 
generality, this application note will describe a system where 
a multiplexer is used rather than a linecard in a specific PBX 
system. The general principles, however, can be used in a 
linecard design. This telephone design has been used with 
both a digital linecard and a voice/data multiplexer. 

The voice/data multiplexer in Figure 1 is described in detail 
in application note AN949. However, a brief description will 
be made here. From the PBX’s point of view, the multiplexer 
appears to be an ordinary telephone. The telephone hook- 
switch is replaced by a relay which is controlled by a signal 
from the digital telephone. The ringing signal from the PBX 
is detected, sampled, and transported to the digital telephone 
where it is amplified and applied to a speaker. Analog voice 
signals are digitized and reconstructed and applied to the wires 
connected to the PBX through the duplexer in the codec/ 
filter. Asynchronous data from the computer or data switch 


"is synchronized to the UDLT timing by the DSI and added to 
the digital data stream. The combined signal is transported to 


the digital telephone which separates the signals and attaches 
to the data terminal. DC power is applied to the twisted pair 
wire at the multiplexer and transported over the wires so no 
extra power cords are required for the telephone. 

The following sections describe the details of the digital 
telephone. Figure 2 shows a block diagram of the digital tele- 
phone set. Figures 3 and 4 are complete schematics of the 
telephone circuitry and the power supply respectively. 


UDLT 


The heart of the digital telephone set is the UDLT slave 
(MC145426). This chip is essentially a modem transceiver 
which operates over standard twisted pair telephone wiring. 
A 256 kbps data rate using modified differential phase shift 
keying (MDPSK) in a half-duplex time compression multiplex 
or “‘ping-pong’’ scheme provides full-duplex 80 kbps trans- 
mission. Transmission begins with the UDLT master 
(MC145422), which is located at the other end of the twisted 
pair in the voice/data multiplexer, bursting 10 bits of infor- 
mation to the slave. A similar burst is returned from the slave 
to the master a short time after the master’s burst has been 
demodulated. This exchange occurs 8000 times per second 
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Figure 2. Digital Telephone Block Diagram 
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Figure 4. Switching Power Supply 


PARTS LIST FOR FIGURES 3, 4, AND 5 


Resistors Capacitors Diodes 

R1 22 k© C1-C3 0.1 pF D1 1N5819 

R2 3.3 kO C4-C5 10 pF D2-D11 1N4148 

R3 7.5 kQ C6-C7 20 pF BR1 3N248 Bridge Rectifier 
R4 47 kQ C8-C9 0.1 wF 

R5 22 kQ Ci0 10 pF Integrated Circuits 

R6 10 kQ C11-C15 0.1 pF Ge Te wgece yee 

R7 620 0 C16 0.005 pF MC14513 __— Dialer 

R8 1 kQ C17 0.1 pF MC14403. = Mono-circuit 

R9-R10 102 C18 0.005 uF MC145428 Data Set Interface 
R11-R13 10 kQ C19 100 pF MC145426 Slave UDLT 

R14-R15 100 kO C20 0.01 pF MC145406 RS-232 Transceiver 
R16 10 MQ C21 330 pF MC34119 Speaker Driver 

R17 10 kQ C22 100 pF (50 V) MC34129 Power Supply Controller 
R18 5 kQ C23-C24 100 pF (16 V) 

R19-R22 1100 C25 10 pF (16 V) Optocoupler 

R23 75 kQ C26 0.1 pF ee 

R24-R25 100 kQ C27 510 pF MOC5007 High-speed Optocoupler 
R26 10 kQ C28 0.1 pF 

R27 3 kO C29 10 pF (16 V) Transistors 

R28 9.1 kO C30 0.01 pF i le ae 

R29 1.3 kQ Q1-Q2 2N3904 

R30 22 kQ Transformers Q3 2N5551 160 V NPN 

R31 ~ 2.2 kd Seve ot Wer ae Q4 MTP2N20 Power MOSFET 
R32 220 kQ T1: Power Transformer Q5 2N3904 

R33 10 0 Coilcraft G6808-A 

R34 100 kQ T2: Line Transformer Switches 

R35 560 0 Coilcraft G6320-D or fo 

R36-R41 10 kQ Lepco P-1358-A SWw1 SPST Hookswitch 


SW2-SW7_ DIP Switches 
Inductor 


L1 80 »H each winding on a common core 
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(every 125 us), so the transceivers effectively exchange 80 
kbps of full-duplex synchronous data. The data is arranged 
into three channels, a 64 kbps full-duplex voice channel and 
two 8 kbps full-duplex data channels. 

The slave UDLT generates all timing signals used by the 
digital telephone. Timing is synchronized to the received bursts 
from the master UDLT. A 4.096 MHz on-chip crystal oscillator 
is the basis for all clocks. A 128 kHz clock (CLK), which drives 
the mono-circuit’s D/A and A/D circuits and synchronizes the 


power supply, is produced. An 8 kHz clock (TE1 and RE?1) is | 


also produced. Any timing slip from master to slave UDLTs is 
corrected every 125 ys, keeping the master and slave devices 
in perfect synchronism. The baud rate generator in the data 
set interface is driven by the 4.096 MHz clock on the slave 
UDLT. 

The burst received from the master’s transmission is input 
on the slave’s line input (LI) pin. The burst is demodulated, 
separated into the three channels, then output on the digital 
side of the slave every 125 us. Eight voice bits are output 
serially from the transmit data output (Tx) on the rising edges 
of CLK while TE1 is high. One signalling bit is output on 
signalling output 1 (SO1) on the rising edge of TE1. The out- 
bound signalling channel one provides the ringing signal for 
the speaker amplifier (MC34119). The other signalling bit is 
output on signalling output 2 (SO2) to the data set interface 
(MC145428), also on the rising edge of TE1. This channel, 
both inbound and outbound, carries the data between the 
attached terminal and the data switch or computer at the 
voice/data multiplexer or PBX. 

After the slave receives a burst from the master, it transmits 
a 10-bit burst of its own back to the master. The slave outputs 
this burst on its line driver outputs (LO1, LO2) which are push- 
pull drivers configured as a balanced bridge. These outputs 
directly drive the line transformer through a resistor loading 
and protection network (see Figure 5). The 10 bits of data 
which are transmitted to the master are input every 125 us. 
Eight bits of voice data are input serially on the receive data 
input (Rx) on the falling edges of CLK while receive data enable 
(RE1) is high. A signalling bit which carries the digital tele- 
phone’s hookswitch status back to the voice/data multiplexer 
is input on signalling input 1 (S11) on the rising edge of TE1. 
Data from the attached terminal or PC is input on signalling 
input 2 (SI2), also on the rising edge of TE1. 

Transformer T2 interfaces the twisted pair wire to the 
UDLT's LO1, LO2, and LI pins. It performs the functions of 
impedance matching, bandwidth limiting, and gain adjustment 
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Figure 5. Line Interface and Protection 
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for the receive signals. At the frequencies of interest (128 kHz 
and 256 kHz), ordinary telephone wire has a characteristic 
impedance of about 110 ohms. The loading resistors R19-R22 
between LO1, LO2 and.the Tx winding of the transformer are 
set to 110 ohms. The series combination of these resistors is 
significantly higher than the 20-ohm output impedance of the 
LO1 and LO2 drivers causing the resistance presented to the 
transformer to be set primarily by the resistors alone. Clamp 
diodes D6-D9 protect the LO1 and LO2 outputs from transient 
signals on the twisted pair. Line settling between data bursts 
is improved by selecting a bandwidth of 20 to 512 kHz for the 
transformer interface. The lower corner frequency is set by 
adjusting the inductance of the transformer’s Tx winding to 
1.75 mH. The upper corner frequency is determined by the 
design of the transformer winding technique. 

The impedance matching network on the transmit side of 
the transformer attenuates the transmitted signal by 12 dB. 
This loss is recovered in the receive side of the transformer. 
A step-up of 4:1 directly compensates for the 12 dB loss. As 
with the transmit side, a protection network is required. D10 
and D11 clamp the received signal to a safe level but are 
sufficiently isolated by R17 so that they do not load the trans- 
former when they are conducting. At 192 kHz (the spectral 
peak of MDPSK), 26 AWG wire attenuates signals about 17 
dB/km. The receiver in the UDLTs has sufficient input dynamic 
range to operate on loops as long as 2 km. Transformers which 
are designed for the UDLT system may be obtained from: 


Coilcraft, Inc. 

1102. Silver Lake Rd. 
Cary, Illinois 60013 
Part Number: G6320-D 


Leonard Electric Products Company 
85 Industrial Drive 

Brownsville, Texas 78521 

Part Number: P-1358-A 


The transformer from Coilcraft is similar to the Leonard 
Electric device, except it has a Faraday shield between the Rx 
and Tx windings and the line windings. The shield helps reduce 
the spurious radiation from the digital circuitry onto the twisted 
pair. 


CODEC/FILTER 


The MC14403 codec/filter is a PCM codec-filter which per- 
forms D/A, A/D, band-limiting, and reconstruction filtering 
for the voice signals in the digital telephone. Analog voice 
signals in the 300 Hz to 3400 Hz frequency band are sampled 
at an 8 kHz rate. The samples are converted into a pseudo- 
logarithmic code known as PCM and passed to the UDLT for 
transmission to the voice/data multiplexer or PBX. Received 
digital signals are reconstructed at an 8 kHz rate back into 
analog voice signals. 

Three signals are available for use on the analog input am- 
plifier. They are Tx+ (noninverting input), Tx— (inverting 
input), and Txl (filter input). Sidetone (feedback from the 
handset microphone to earpiece) and gain balance are con- 
trolled with external components around the Tx and Rx op- 
erational amplifiers in the codec/filter. Tx+ is tied to ground 
and a gain setting resistor is placed between Tx— and Txl. 
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The microphone output from the handset and the DTMF out- 
put from the dialer are both ac coupled to the Tx— input. The 
output of this amplifier is digitized and output to the UDLT on 
TDD on the eight rising edges of TDC when TDE is high. 
Digital data is input from the UDLT on RDD on the first eight 
falling edges of RDC after the rising edge of RCE. This data 
is reconstructed and output on the analog output pin (RxQO). 
This signal is summed with TSO from the dialer and Txl and 
applied to the speaker in the handset. 

A decoupling RC filter is used to attenuate any power supply 
noise seen at Vcc and Vss of the codec/filter. This filter 
consists of 10-ohm resistors in series with the power feed to 
Vcc and Vss with 10 pF capacitors from Vcc and Vss to 
ground. Also, to reduce noise in the ground paths, a star- 
grounding scheme is used where all ground pins of the circuits 
are connected to the power supply’s central isolated ground. 


DATA SET INTERFACE 


The MC145428 data set interface (DS!) is an interface be- 
tween an asynchronous data terminal and the synchronous 8 
kbps full-duplex data channel of the UDLT. The DSI performs 
basic UART functions of start-bit and stop-bit detection of the 
asynchronous data. It also detects and transports break signals 
over the synchronous link. Start and stop bits are stripped 
from the data which is then loaded into a FIFO. The data is 


then sent to the UDLT for transmission to the far end of the. 


digital link. On the receive side, the reverse of these actions 
is performed. Special synchronization characters (transparent 
to the user) are exchanged between DSls to maintain syn- 
chronization. The DSI has an internal clock generator which 
produces the most commonly used baud rates. The DSI is 
capable of operating at data rates up to 128 kbps, however 
this application uses 9600 baud. 

On the synchronous side of the DSI, data is output to the 
UDLT on the data channel output (DCO) on the falling edge 
of data clock (DC) while the data output enable (DOE) is high. 
Data from the DSI is input and output by the UDLT on Si2 
and SO2 respectively. DC is connected to TE1 of the UDLT. 
DIE and DOE are connected to Vpp, permanently enabling 
the synchronous inputs and outputs. RESET is connected to 
the hookswitch, clearing the FIFOs and resetting the device 
when the digital telephone is not in use. 


RS-232 DRIVER/RECEIVER 


The RS-232 interface is connected as follows. Asynchronous 
serial data from the attached data terminal (Tx DATA, RS-232 
pin 2) is through a receiver on the MC145406 RS-232 driver/ 
receiver and connected to the transmit data input (TxD) of the 
DSi. Asynchronous serial data from the DSI is output on the 
receive data output (RxD) and fed through a driver on the 
MC145406 to the data terminal (Rx DATA, RS-232 pin 3). 
Another output of the DSI, transmit data status (TxS), is used 
to generate a clear-to-send signal for local flow control 
(CLEAR-TO-SEND, RS-232 pin 5). TxS goes low when there 
are two words in the DSI’s transmit FIFO and must be inverted 
to provide the CTS function. TxS is applied to a receiver of 
the MC145406 for inversion and then fed through a driver to 
convert the signal to RS-232 levels. The MC145406 threshold 
for the RS-232 receivers is 1.8 volt so it may be used as an 
inverter for ordinary digital signals. The receive data status 


(RxS) pin of the DS! may be used as a carrier detector. Since 
it goes high when synchronization with the far-end DSI is 
established, it must also be inverted before conversion to RS- 
232 levels. As with the TxS signal, an RS-232 receiver is used 
an an inverter. The inverted signal is then converted to RS- 
232 levels by a transmitter and applied to RECEIVED LINE 
SIGNAL DETECT, RS-232 pin 8. The baud rate, word length, 
and number of stop bits used on the asynchronous side of the 
DSI are controlled by five pins: BR1-BR3, DL, SB. These 
inputs are controlled by a DIP switch. Table 1 shows the switch 
settings to configure the asynchronous data port. 


DIALER 


The pulse tone repertory dialer (MC145413) converts key- 
board inputs to either pulses or dual tone multiple frequency 
(DTMF) or Touch-Tone outputs for use in telephone dialing. 
This device also provides last number redial and a nine number 
repertory memory. The digital telephone in this application 
uses a 3x 4 class A single contact keyboard, although a 4 x 4 
keyboard could have been used for enhanced features. The 
MC145413 operates in pulse mode at either 10 or 20 pulses 
per second, or tone dialing modes. These modes are deter- 
mined by the mode select (MS) pin. 

When the pulse dialing mode is used in this telephone, 
dialing information is output at 20 pulses per second. Note: 
The PBX used with this telephone is capable of accepting 
dialing pulses at this rate. Other applications may require the 
pulses at 10 pulses per second, in which case the wiring of 
the DIP switch would have to be modified appropriately. The 
pulse output OPL, is an N-channel open-drain transistor which 
is wire-ORed with the hookswitch. This point is sampled 8000 
times each second by the UDLT, andthe status is passed to 
the loop monitoring circuitry in the voice/data multiplexer on 
signalling channel 1. In the tone dialing mode, dialing infor- 
mation is output as tones corresponding to the row and column 
pressed. This signal is output on the DTMF OUT pin of the 
dialer and is coupled to the analog input of the codec/filter. 
The analog DTMF signal is thus carried to the PBX in digital 
form on the 64 kbps voice channel. 


Table 1. DIP Switch Settings 


SWITCHING POWER SUPPLY 


Figure 4 shows the schematic of the switching power supply 
for the digital telephone. This power supply has the capability 
of supplying about 900 mW of power at +5 V when the length 
of the loop is 2 km. As the loop length is increased, the power 
available at the phone is reduced. To maintain stability of the 
power supply, the maximum power consumed by the phone 
(including the efficiency losses in the power supply) must be 
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less than 90% of the maximum power available (MPA) at the 
maximum loop length. 


MPA = Vgource@/(4*Rioop! 


Example: Rioop for 2 km of 26 AWG wire =576 0 


MPA = 482/(4-576 9) = 1 Watt 


The +5 V outputs are isolated from the twisted pair so that 
a local ground reference may be established with the terminal 
attached to the RS-232 port. 

The switching power supply operates by repetitively storing 
and releasing energy in a transformer. The energy is stored in 
the primary winding of transformer T1 for part of the switching 
cycle and discharged into the load through the secondary 
during the remaining part of the cycle. The controller for this 
power supply is the MC34129 high-performance current-mode 
power-supply controller. The MC34129 controls the current 
(energy) in the primary winding by varying the duty cycle of 
the power switch (Q4). As the duty cycle is changed, more 
or less energy is stored under control of the MC34129 to main- 
tain regulation of the output voltage. The switching frequency 
of the power supply is synchronized to the 128 kHz clock signal 
used by the codec/filter by bringing CLK from the UDLT 
through an opto-isolator (MOC5007) into the sync input (pin 
4) of the MC34129. Synchronization improves the idle-channel 
noise performance of the codec/filter and minimizes the filter 
requirements on the output of the power supply. 

The input voltage for the power supply is taken from the 
48 V available on the twisted pair. A 0.1 wf capacitor is placed 
between the two line windings of transformer T2. The dc 
voltage across the capacitor is then routed through a balanced 
three-pole elliptical lowpass LC filter (L1 and C16-C18) and a 
full-wave rectifier before being applied to the input of the power 
supply. . 

The power supply is regulated by two methods. Current in 
the primary winding is sensed as a voltage across resistor R30. 
Also, the +10 V nonisolated output is sensed by being fed 
back to the voltage divider formed by resistors R25 and R26. 
The controller maintains the voltage across R26 at 1.25 V by 
varying the switching duty cycle. This forces the output voltage 
to be 10 V. Regulation of the +5 V isolated outputs is main- 
tained by the magnetic coupling from the 10 V winding to the 
+5 V windings. Because the primary current is sensed by the 
MC34129, pulse-by-pulse overcurrent limiting is automatically 
achieved. The power supply is thus fully protected against 
short circuits on the outputs. If an overload occurs, the 
MC34129 will shut the power supply down and attempt to 
restart. When the overload is removed, the power supply will 
again begin normal operation. 

During normal operation, the MC34129 is powered by the 
+ 10V output. However, since there is no voltage at this output 
when the circuit is first started-up, provisions must be made 
to power the circuit from another source until the outputs are 
stable. Transistor Q3 and the Start/Run output perform this 
task. During start-up, 03 is biased on and power for the 
MC34129 is taken from the 48 V on the twisted pair through 
R28. After the power supply has completed the soft-start cycle 
and stabilized, transistor Q3 is turned off by the Start/Run pin 


(pin 13) and power is supplied by the +10 V output. This 
start-up sequence allows the power supply to reliably start in 
the presence of high source resistance seen at the end of a 
long twisted pair wire. Efficiency of this power supply is ap- 
proximately 80%. 


APPENDIX 


On the printed circuit board there are three connections 
available for the hookswitch (SW1). These are +5 V, GND, 
and Si1. The following is a list of several implementations of 
the hookswitch. 


1. Mechanical SPST switch (normally open) — In this 
configuration the LED, R32, R31, and Q5 are not needed 
unless an LED signal is desired. 


2. Mechanical SPDT switch (normal position 
shown) — In addition to the components listed in the 
above implementation, R14 and Q2 are not needed. 

o—j———_ HS. 

H.S. GND OT ! 


o—+———. 02 COLLECTOR 


3. Reed relay in handset (magnet in telephone case) — 
The figure below shows how to modify the handset for 
this application. 


MIC 


4. Hall Effect Device in telephone case (magnet in 
handset) — For this and the previous application, a me- 
chanical SPST switch can be used in parallel for on-hook 


operation. 
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IMPLEMENTING INTEGRATED OFFICE 
COMMUNICATIONS 


By Tanya Tussing 
Telecom Applications Engineer 
Motorola, Inc. 

Austin, Texas 


INTRODUCTION 


ISDN has gotten a lot of attention during the course of 
the last year, and rightfully so. It’s a revolutionary con- 
cept. The idea of being able to send high-speed data over 
a public network to anywhere in the world is phenome- 
nal. But the hard questions concerning ISDN quickly be- 
come evident when a company contemplates designing a 
real ISDN system with an introduction date in the near 
future. Although the ‘‘U’’ interface being defined by the 
T1D1.3 committee in North America has a well defined 
function in the ISDN wide area network system, the local 
area network is a different situation. 


ISDN discusses three local area network interfaces: the 


“S”, “T”, and ‘‘R”’ interface. (The ISDN reference model 
is shown in Figure 1.) The ‘‘S’’ and ‘‘T’’ interfaces have 
an identical specification, but the “‘R’’ interface is open, 
in other words—user defined. A key product strategy 
question asks which interface best services a particular 
function of the ISDN local area network. When formulat- 
ing an answer, there are many parameters to consider. 
They all revolve around manufacturing costs vs. provid- 
ing customers with the features they feel they need at the 
time the products are introduced. Some of these cus- 
tomer-driven parameters include price, performance, and 
compatibility to standards of terminals, peripherals—e.g., 
ptinters and the wide area network. These kinds of ques- 
tions need to be addressed before a design specification 
can be completed. | 


ISDN REFERENCE MODEL 
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Question 1: Which terminal standards must be sup- 
ported by an ISDN local area network in the near future? 
Answer: RS-232 is now, and will be for some time to 

come, the most prominent terminal interface specifica- 
tion. So, whatever method is used to transmit data to the 
terminal—‘‘S/T’’ or another—an RS-232 interface will be 
needed for many terminals for quite awhile. 

Question 2: Is ISDN a mature standard? 

Answer: No, ISDN is not a mature standard. So, any 
product designed today will probably have to be modi- 
fied to fulfill the final ISDN specification. 

Question 3: Will an ISDN terminal using an ‘‘S/T”’ in- 
terface for layer 1 communication and LAP-D for layer 2 
communication be the best voice/data solution available 
for most applications? 

Answer: The ‘‘S/T’’ interface and LAP-D are both spec- 
ifications which try to accommodate many different 
functions. In some cases they may provide more features 
than are needed— for a price that consequently cannot 
be justified. 

Because of these kinds of reasons, Motorola has a two- 
part product strategy. First, Motorola introduced a family 
of cost-effective voice/data integrated circuits which are 
compatible with the evolution of ISDN. The second part 
of the voice/data strategy is to develop an ‘‘S/T”’ trans- 
ceiver, an LAP-D controller, and a ‘‘U”’ transceiver, as 
the specifications become more clearly defined. 


MOTOROLA’S VOICE/DATA I.C. SOLUTIONS 


There are many different ways to design a voice/data 
terminal. The following paragraphs describe three differ- 
ent approaches which vary in complexity/cost, data rate 
throughput, transmission distance, and system flexibility. 


SYSTEM I: BASIC VOICE/DATA TERMINAL—B + D 


A basic terminal, as shown in Figure 2, uses the slave 
UDLT, MC145426, to communicate the voice and data in- 
formation to a switch. In the switch’s line card is a mas- 
ter UDLT, MC145422. It converts the signals back into 
the original PCM, data, and signalling format. So, the 
PCM code can be transmitted through the switch as if a 
monocircuit (codec/filter) were sitting on the line card, 
and one of the signalling channels can convey the switch- 
hook and ringing information. In this configuration, the 
dialing information is transmitted in the voice path and 
would be handled like a normal analog line card in a dig- 
ital PABX. Because the UDLT interfaces to the switch like 
a monocircuit, the conversion from analog line cards to 
digital line cards is relatively painless. 

The other signalling channel sends data to the line 
card. At the master UDLT, this data can either be put into 
a separate time slot on the line card—allowing the data 
to be switched separately from the voice, or it can be 
stuffed into the least significant bit of the PCM word— 
allowing it to be routed around with the voice informa- 
tion. Routing voice and data through one time slot per 
phone decreases the number of time slots needed for the 
system, and consequently, the switching system’s com- 
plexity decreases. 


The Universal Digital Loop Transceiver 


The UDLT is an 80 kilobit per second (kbps) synchron- 
ous transceiver chip set capable of transmitting data up 
to two kilometers on 26 awg twisted pair wire. Between 
the UDLT master—MC145422 and the UDLT slave— 
MC145426, 10 bit data bursts at 2 256 kHz rate are sent 
back and forth from the master and the slave. This is 
called a ‘‘ping pong’’ transmission scheme. 
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Figure 3 is a timing diagram showing the relationship 
between the master ane slave bursts, as well as the master 
sync input (MSI). First, a burst is differentially driven 
from the master’s LO1 and LO2 pins to the slave’s LI pin, 
referenced to Vref. From this master burst, the slave syn- 
chronizes its clocks to the master’s clocks and responds 
with a burst from its LO1 and LO2 pins to the master’s 
LI pin. 

The bursts are coded into a triangular Modified Differ- 
ential Phase Shift Keyed (MDPSK) waveform. The MDPSK 
meihod was chosen becausc it minimizes radio fre- 
quency, electromagnetic, and crosstalk interference. Tests 
have shown that this MDPSK ping pong transmission 
technique can achieve better than a 10 ~~ 7 bit error rate 
over two-kilometer distances. 

The 10 bit data burst, from either the slave or the mas- 
ter, is derived from three different inputs of the chip. 
The Rx pin contributes 8 of the 10 bits, and the SI1 and 
the SI2 pins each contribute 1 of the 10 bits. Because 
both the master and slave bursts are typically sent at an 
8 kHz rate, the data rates through these pins are 64 kbps, 
8 kbps, and 8 kbps, respectively. The output of the 
64 kbps channel is the Tx pin and the output of the 
8 kbps channels are the $O1 and the SO2 pins. With the 
same data rate as the CCITT B channel, the 64 kbps 
channel can be used for standard PCM voice or it can be 
used to transmit high speed data. The 8 kbps channels 
are well suited for transmitting signalling—such as 
dialing, switchhook, and ringing information—or data. 
With a listle external logic, the two 8 kbps channels can 
be combined into one 16 kbps channel—which is the 
same data rate as the CCITT LAP-D channel. This chip is 
available today in production quantities. 


The Digital Loop Transceivers vs. the UDLT 


The Digital Loop Transceiver (DLT) chip set, 
MC145418/MC145419, is very similar to the UDLT in 
function but is designed for applications requiring shorter 
loop lengths (<1 k). There are three main differences be- 
tween the UDLT and the DLT chips. The most important 
difference between the chip sets is that the UDLT auto- 
matically adjusts the threshold on the receive circuitry. 
This allows the UDLT to optimize its reception to a par- 
ticular line’s attenuation level. The DLT’s threshold is ex- 
iernally set, so typically this receive optimization will not 
be achieved—unless some rather complex circuitry is im- 
plemented. Also, the DLT requires external drivers and 
usually transmits square waves instead of triangular 
waves. In conclusion, the UDLT has more features than 
the DLT, but the DLT’s basic approach allows driver and 
threshold design flexibility. The DLT is available today in 
production quantities. 


The Monocircuit Family 


The single chip codec/filter (monocircuit) family con- 
sists of five different devices ranging in size from a 
16 pin package to a 22 pin package. They are the 14400, 
the 14401, the 14402, the 14403, and the 14405. These 
chips perform standard PCM voice digitization and recon- 
struction. They will operate in both the U.S. standard, 
Mu-Law, and in the European standard, A-Law, compand- 
ing formats. The chip includes on-board antialiasing/ 
60 Hz rejection filtering, as well as low pass reconstruc- 
tion smoothing filtering. 

As opposed to just operating with split power supplies 
of +5 volts, the chip will operate well using a variety of 
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power supplies, 6 to 13 volt single supplies— or the 
equivalent in a split supply. In addition, by giving the 
VLs pin the appropriate voltage level, the monocircuits’ 
inputs and outputs will interface to other chips with 
either CMOS or TTL signal levels. 

Although the monocircuits are available today in pro- 
duction quantities, an enhanced version of the existing 
monocircuit family is now being introduced. It features a 
typical idle channel noise of 9 dBrnco and a typical 
Power Supply Rejection Ratio (PSRR) of 55 dB over a 
0-50 kHz range. 


The Switching Power Supply Controller 


A major consideration in designing a voice/data PBX is 
power. Providing power to digital phones, which may be 
on a two kilometer loop, is not a trivial task. The typical 
number of phones powered by a PBX alone means that 
the power supply in the PBX is a very significant design 
consideration. Also, because digital telephones require 
more power than analog phones, the maximum power 
available at the end of a two kilometer, 26 awg loop is 
not much more than the power required to operate a 
voice/data digital phone. Therefore, the efficiency of the 
power conversion method in the phone is critical—hence 
the importance of the efficiencies gained by using a 
switching power regulator. | 

Motorola’s new switching power regulator, the 
MC34129, is especially designed to fulfill a digital tele- 
phone’s power regulation requirements, although the reg- 
ulator is popular for non-telecom applications as well. 
One of the most important features of this regulator is 
that it gives the designer the ability to synchronize his 
switching power supply to the sampling rate of the 
codec/filter in the phone. This is important because non- 
synchronized switching noise on the power supply of a 
codec can make meeting codec/filter idle channel noise 
specifications difficult. However, synchronized switching 
noise does not degrade a codec/filter’s system 
performance. 

A switching power regulator also offers another impor- 
tant feature for voice/data phones—line isolation. When 
driving the RS-232 input of a terminal with a local 
ground reference, isolation between the terminal's 
ground and the ground of the telephone line is necessary. 
This regulator can operate in an isolated or a non-isolated 
mode. The isolated mode simply requires an auxiliary 
winding on the transformer to supply power and a feed- 
back signal. Otherwise, the chip is applied the same to 
isolated and non-isolated applications. 


The Data Set Interface . 

The Data Set Interface (DSI), MC 145428, is an asyn- 
chronous to synchronous converter. It takes data in a 
start/stop format of various speeds, and puts it into a 
new format. This new format has no stop or start bits 
and can be clocked out of the DSI using the input enable 
and data clocks of a synchronous data transmitter— such 
as the UDLT. 


The chip has an on-board baud rate generator. By feed- 
ing a 4.096 MHz clock to the DSI, it will generate a 16x 
clock to sample the incoming asynchronous data. The 
data rates that can be programmed are 300, 1200, 2400, 
4800, 9600, 19.2 k, and 38.4 k baud. Other asynchron- 
ous data rates may be fed to the DSI by supplying an 
(async data rate) x 16 clock. . 

In order to maintain synchronization when input data 
is unable to fill the output channel, the DSI will supple- 
ment its output channel with flag patterns. On the receiv- 
ing side of the data transmission, another DSI will return 
the data to its original start/stop format. 


The RS-232-C Driver/Receiver 


The MC145406 has three drivers and three receivers on 
one CMOS integrated circuit. This device meets all of the 
EJA RS-232-C specifications. In general, it replaces the 
1488/1489. The chip consumes less than 15 mW, which 
is critical when designing a line-powered digital tele- 
phone. A slew-rate limiting circuit is integrated into the 
chip, which removes the need for external slew-rate lim- 
iting Capacitors. 


SYSTEM II: VOICE/DATA WITH 2B + 2D DATA RATES 


Figure 4 shows a more sophisticated terminal. This ter- 
minal supports full ISDN 2B + D data rates, as well as an 
additional D channel. In this case all of the signalling is 
handled by a microprocessor. One 64 kbps B channel can 
be used to transmit voice, while the other B channel can 
be used for transmitting high speed data. In addition, one 
16 kbps D channel can be used for transmitting signalling 
information, while the other one can be used to transmit 
more specialized functions or additional data. 
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The interface between the data source and the ISDN 
UDLT, MC145421/MC145425, can be one of various 
types of data formatters. It could be a DSI handling up to 
38.4 kbps, using the internal clock or a faster rate with 
an external clock. Data could also enter the ISDN 
UDLT I through an HDLC controller chip, or a clear 
channel configuration could be used. | 

This chip will transmit on two wires up to 2 kilome- 
ters, with the addition of a passive filter to compensate 
for the increased attenuation of the higher frequency 
spectrum. 


The ISDN UDLT II—2B+ 2D 


The ISDN UDLT II, MC145421/MC145425, is very simi- 
lar to the UDLT. However, instead of 80 kbps, the ISDN 
UDLT II sends 160 kbps. Also, a 512 kHz burst rate is 
used, instead of a 256 kHz rate. The data is formatted 
into four channels: two 64 kbps and two 16 kbps. Both 
of the 64 kbps channels are clocked out of the Tx pin 
under the direction of the TDC/RDC, TE1, and TE2 pins. 
Both of the 64 kbps channels are clocked into the Rx 
pin, and similarly their input is separately controlled by 
the RE1 and RE2 pins. The 16 kbps channels are input on 
the D1I and the D2I pins under control of the DCLK, and 
they are output on the D1O and D20 pins. Although the 
ISDN UDLT II does not transmit triangular bursts like the 
UDLT does, it will drive a twisted pair without external 
drivers. It also contains the on-board threshold-adjust cir- 
cuitry. The ISDN UDLT II is being introduced today. 


SYSTEM III: ISDN TERMINAL WITH LAP-D 


The terminal in Figure 5 uses the ‘‘S/T’’ transceiver, 
MC 145474, for data communication. This four wire 
transceiver Can transmit 192 kbps up to 1 km on one pair 
of wires, and receives 192 kbps on an additional pair of 
wires. Besides having a four wire interface, the ‘“‘S/T”’ 
transceiver’s transmission method differs from the 
UDLT’s in that alternate mark inversion (AMI) is used in- 
stead of MDPSK. 

Of the 192 kbps, 144 kbps are used for the two B 
channels and one D channel. The additional 48 kbps pro- 
vide framing, DC balance, D channel echoing, activation, 
and two other bits whose function will be defined in fu- 
ture definitions. Through the transceiver, a codec/filter 
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sends digitized voice; signalling information is sent 
through a LAP-D controller, packetized data can also be 
sent through the LAP-D controller, and high speed data 
can be sent through the other 64 kbps B channel. Al- 
though the chip offers point-to-point communication, the 
S/T transceiver is also capable of point-to-multipoint 
operation—if shorter loop lengths (150 m to 500 m) are 
acceptable. 


CONCLUSION 


Motorola’s wide variety of integrated circuits offer 
flexibility to the design engineer. If low-cost voice/data 
communication is the top priority, the UDLT/DSI system 
provides a lot of functionality for a minimal cost. If 
higher data rates are needed, the ISDN UDLT is a solution 
to consider. And of course, Motorola plans to introduce 
an S/T transceiver chip and a LAP-D controller chip to 
provide the extensive features ISDN has to offer. 
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Application Note 


A VARIETY OF USES FOR THE 
MC34012 AND MC34017 TONE RINGERS 


Prepared by 
Dennis Morgan 


INTRODUCTION ' 

The MC34012 and MC34017 electronic tone ringers 
were developed to replace the bulky electromechanical 
bell assembly of a telephone, while providing the same 
basic function. When used in conjunction with a piezo 
ceramic transducer, these circuits will output a warb- 
ling sound in response to the applied ringing voltage. 
With some imagination, however, the circuits can be 
used in a variety of ways, including non-telephone 
applications, — wherever an alerting sound or indica- 
tion is required. Applications include appliance 
buzzers, burglar alarms, safety alerting functions, 
special sound effects, visual ringing indicators, and 
others. The circuits in this application note show how a 
variety of effects can be obtained. 


HOW THE MC34012 WORKS 

A block diagram is shown in Figure 1. An AC 
voltage is applied to the input terminals, and the 
current is rectified by the full wave bridge. The six 


Input VAC — 
\ 
a 
Over Voltage 


SCR 
& Clamp 


Ps) 
oO 


Oscillator 
& 
Dividers 


p> °] 
Nh 


series diodes provide the high impedance required by 
telephone systems at low input voltages, and are 
therefore not significant where the use does not involve 
a telephone. A small portion of the I, current (Ig) flows 
through Dg and Ra setting the inverting input of the 
comparator at 1.5 volts below Rg (pin 6). The majority 
of the input current, however, flows through R3, and 
the waveform across it is filtered by C3 and the internal 
50 k resistor before being applied to the non-inverting 


input of the comparator. When the input voltage is 
increased sufficiently so that the current through R3 


causes the voltage at the non-inverting input to be more 
than 1.5 volts below Rg, the comparator’s output 
changes to a low state, allowing the oscillator’s signal 
to reach the piezo transducer. Additionally the value of 
I, is reduced by 20% in order to provide hysteresis to the 
comparator. 

The 22 volts zener diode provides regulation for the 
internal circuitry, and C4 filters noise and ripple from 
this voltage. The input current must be at least 0.5 mA 
for the regulation and bias circuits to function properly. 


Ro(4) 


— Numbers in parentheses 
are pin numbers. 


FIGURE 1 — MC34012 Block Diagram 
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The oscillator is a relaxation type, with the fre 
quency determined by the values of R2 and C2. The 
base frequency (f = (0.671/R2C2) + 200 Hz) is divided 
down to produce two output frequencies (f/4 and f/5) 
which are outputted alternately at a warble rate deter- 
mined by the base frequency, and the specific tone 
ringer model used. The MC34012-1 produces a warble 
rate of f/320, the MC34012-2 produces a warble rate of 
f/640, and the MC34012-3 produces a warble rate of 
f/160. The base frequency (f) should be selected to be 
between 1500 Hz and 10 kHz. 

The output buffer is a totem-pole configuration with 
a25 mA source-sink capability, and is intended to drive 
a piezo ceramic transducer. The output waveform is a 
20 V p-p square wave. 


HOW THE MC34017 WORKS 

A block diagram is shown in Figure 2. The external 
components are labeled the same as in Figure 1. 
Operation is very similar to the MC34012 with the 
following differences: 
a) The output to the piezo transducer is a push-pull 
configuration, rather than single ended, providing 40 
Volts p-p. 
b) The comparator’s inputs are referenced to ground 
rather than to the supply voltage. V; is 1.2 volts when 
the comparator’s output is off (low), and 0.9 volts when 
the output is on. . 
c) The configuration consisting of the comparator, R3, 
and C3 sense the incoming current to determine the 
turn-on and turn-off trip points. When the voltage at Rg 
exceeds 1.2 volts, the comparator changes state to turn 
on the output. 


SAMPLE CIRCUITS 
The circuits of Figures 3 & 4 provide ON-DELAY, i.e., 


Input VAC 
\ 


Over Voltage 
SCR 
& Clamp 


Oscillator 
& 
Dividers 


after applying voltage to the input terminals, sound is 
not produced until a delay period has elapsed. The 
output sound is continuous after that. The delay is 
primarily determined by C3 in the Figures, although 
R3 and R1 also affect the timing. The circuit may be 
controlled by turning on and off the voltage to the input 
terminals, or by leaving the input voltage applied 
continuously, and using a normally closed switch 
across C3 (open switch to start timing). Power con- 
sumption is typically less than 3/4 watt. Applications 
include time out circits for burglar alarms, dark room 
equipment, and others. 

The circuits of Figures 5 and6 provide OFF-DELAY, 


‘i.e., sound is produced immediately upon applying an 


input voltage, but then turns itself off after a delay. The 
delay time is determined by Ct. The circuits (as shown) 
have a long reset time (time for Cy to discharge after 
removing the input voltage) and so the user may want 
to consider providing a quick discharge path for Ct 
whenever the input voltage is removed (such as an 
extra set of contacts on the on-off switch). The partic- 
ular application will determine the need for this. Appli- 
cations include warning buzzers in washing machines, 
microwave ovens, alarm clocks, and other appliances. 

The circuits of Figures 7 and 8 cause the sound 
output to be cycled on and off at a rate determined by 
Cy. The duty cycle can be varied by changing Rq. The 


_LM393A dual comparator (configured as an oscillator) 


needs only 1 mA of power supply current, and so it is 
powered directly from the tone ringer’s R] pin. Several 
cycle times are listed in the Figures, and can be used to 
indicate different conditions, such as “WARNING” 
(slow cycle), and “EMERGENCY” (fast cycle). Appli- 
cations include appliances, alarm clocks, emergency 
indicators on hot water heaters (overtemperature) and 
furnaces, smoke detectors, and any place where an 
attention getting sound is required. 


— Numbers in parentheses 
are pin numbers. 


FIGURE 2 — MC34017 Block Diagram 
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— Numbers in parentheses 
are pin numbers. 
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— Numbers in parentheses 
are pin numbers. 
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FIGURE 4 — On Delay Timer Using MC 34017 
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-— Numbers in parentheses 
are pin numbers. 


FIGURE 6 — Off Delay Timer Using MC 34017 
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The circuits of Figures 9 and 10 provide a special 
effects sound by varying the frequency of the base 
oscillator. The 2N3904 transistor is slowly turned on 
(as Cg charges up) thus varying the equivalent resis- 
tance at the Rc pin. This causes the frequency of the 
base oscillator to vary from low to high over a period of 
several seconds. Cg determines the rate at which the 
audio frequency is swept, and Ct determines how often 
the sweep cycle is repeated. The sound effects produced 
by this circuit are similar to those heard in many video 
games(home and arcade type), and in children’s games 
and toys with sound effects. The two sweep circuits are 
different as they produce different effects. The circuit of 
Figure 9 uses feedback (via the 51 k resistor and the two 
portions of Cg) to generate a different linearity sweep 
curve than the simpler circuit of Figure 10. Either 
circuit can be used with the MC34012 or the MC34017 
by making appropriate connections at R] and Re. 

The circuits of Figure 11 & 12 are Ring Detector 
Circuits. Designed for use on the telephone line, they 
provide an output voltage level to indicate the presence 


of a ringing signal. (The 1.0 uF capacitor at terminal 
AC1 is necessary to meet FCC impedance require 
ments.) The output, at Vout, is high (+12 V) as long as 
an AC voltage is present on the Tip and Ring terminals. 
The optocoupler provides isolation from the circuit to 
be controlled, since telephone lines cannot be refer- 
enced to earth ground. The1.0 k and 100 k resistors, and 
the0.1 uF capacitor, filter the square wave output of the 
integrated circuit to provide a steady voltage at Vout. 
The output can be used to turn on a light, activate an 
answering machine, alert a computer that data is to be 
sent to it, and for many other uses. The circuit shown is 
not limited to telephones, however. By changing the 
value of R1 to 15 kohms for 120 VAC, or to 100 ohms for 
24 VAC and deleting the 1.0 »F capacitor (as in the 
previous examples), the output will indicate the 
presence of an input voltage while providing isolation. 
Isolation can be used to prevent unwanted ground 
loops, or for safety reasons such as to meet UL 
requirements (the 4N25A and 4N35 optocouplers are 
UL listed). 
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are pin numbers. 


FIGURE 9 — Audio Frequency Sweeper Using MC34012 
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FIGURE 10 — Audio Frequency Sweeper Using MC34017 
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*The capacitor must be rated 250 V min. 
and be non-polarized. It is necessar — Numbers in parentheses 
y 
to meet FCC requirements. are pin numbers. 


FIGURE 11 — Ring Detector Circuit Using MC34012 
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*The capacitor must be rated 250 V min. 
and be non-polarized. {t is necessary — Numbers in parentheses 
to meet FCC requirements. are pin numbers. 


FIGURE 12 — Ring Detector Circuit Using MC 34017 
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The circuit of Figure 13 will count the number of 
times the ringing voltage is sent to the telephone, and 
will not allow the piezo transducer to sound until a 
certain number of ring cycles (selected by S1) have 
passed. The circuit values are based on a typical ring- 
ing cadence of 2 seconds on, 4 seconds off. The outputs 
of the MC14017 counter (Q1-Q9) become active sequen- 
tially with each cycle of the ringing signal. When the 
selected output becomes active, the MC14018 flip-flop 
changes state, and the piezo transducer sounds. The Q 
output of the MC14013 can be used to activate other 
circuitry such as an answering machine. After the 
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*The 1.0 uF capacitor must be rated 250 V min. | 
and be non-polarized. It is necessary | 
to meet FCC requirements. 


4N35 


ringing signal stops due to answering the phone, or the 
caller hangs up, the counters and the flip-flop are reset. 
Note the two separate grounds - the telephone line 
must be kept separate from the circuit ground. 

As a final note, many applications will be enhanced 
by the addition of a volume control. Simply connect a 
10 k potentiometer in series with the piezo sound trans- 
ducer. The sound output level will then be controllable 
over asubstantial range. Additionally, ifthe particular 
transducer being used has a high frequency shrill in its 
sound, the series resistance can remove the high 
frequencies, and produce a more pleasant sound. 


To Other 
Circuitry 
MC14013 


~ _ 


FIGURE 13 — Ring Signal Counter 
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Application Note 


A TELEPHONE RINGER WHICH COMPLIES 
WITH FCG AND EIA IMPEDANCE STANDARDS 


Prepared by 
Dennis Morgan 


INTRODUCTION 

The MC34012 and MC34017 Tone Ringers are de 
signed to replace the bulky bell assembly of a tele 
phone, while providing the same function and perfor- 
mance under a variety of conditions. The operational 
requirements spelled out by the FCC and the EIA, 
simply stated, are that a ringer circuit MUST function 
when a ringing signal is provided, and MUST NOT 
ring when other signals (speech, dialing signals, noise) 
are on the line. This application note discusses how the 
IC’s operate, the specific operational requirements to 
be met, and how they are met. Only ‘“‘on-hook” require 
ments are discussed since off-hook operation is not 
applicable. 


ON HOOK IMPEDANCE REQUIREMENTS 
The FCC Rules & Regulations, Part 68, define the 
on-hook impedance (while ringing) requirements, as 
well as the ringing voltages and frequencies. EJA 
Standard RS-470 expands upon the requirements to 
include minimum impedance during the non-ringing 
(quiescent) state. The FCC requirements were promul- 
gated so that any newly designed equipment, meant for 
connection to the Tip and Ring lines, be compatible 
with the already existing Bell Telephone network and 
central office equipment. The measured impedance, in 
all cases, is defined as the quotient of the applied rms ac 
voltage divided by the true rms measured current. 

For the quiescent state, EIA Standard RS-470 pro- 
vides the minimum impedance requirements at low 
voltages (<10 Vyms) in the 5-3200 Hz range to provide 
for the loading presented by an on-hook extension 
phone’s ringer circuit to the dialing and speech signals 
coming from a parallel off-hook phone. Table 1 and 
Figures 1 & 2 indicate the minimum values. The dc 
resistance limits of Table 1 keep the telephone from 
consuming significant power when idle since most 
phones are on-hook the majority of the time. The lower 
frequency range of the ac resistance limits includes all 
of the standard ringing frequencies, and so has a 
higher applied voltage limit than the upper frequency 
range, which covers the speech and DTMF signals. 

In the ringing state, the limitations for ringer 
impedance are based on the REN (Ringer Equivalence 
Number), which is an indication of the power consumed 
by the ringer circuit during ringing. The FCC regula- 
tions state that the total REN for any individual 


telephone line cannot exceed 5.0, where the total REN 
is the sum of the REN of each device connected to the 
line (answering machine, protection devices, as well as 
each telephone). The specific impedance values listed 
in the FCC Regulations (Section 68.312, paragraphs b 
& c, and Table 1) correspond to a REN of 5.0, and are 
therefore the minimum allowable system impedances. 
EIA Standard RS-470 provides the same information 
for the on-hook dc and ac resistance (while ringing), 
except that the listed values differ by a factor of 5 from 
those listed in the FCC Rules. The EIA information is, 
therefore, not a set of limits, but rather a definition ofa 
1.0 REN. (Originally the 1.0 REN was defined as the 
load presented by the electromechanical type ringer of 
a standard Bell Telephone Co. 2500 series telephone.) 


TABLE 1 


QUIESCENT STATE LIMITS 


DC RESISTANCE (between Tip and Ring) 


>50 Mohms for 0 - 100 VDC 
>150 kohms for 100-200 VDC 


AC RESISTANCE (between Tip and Ring) 


For 5 Hz<f<200 Hz, 1-10 Vrms, see Figure 1 
For 200 Hz<f<3200 Hz, 0-3 Vrms, See Figure 2 
At 24 Hz, Z at 2.5 Vpms > 4x Zat 10 Vims 


The specifications of Table 2 includes not only the 
ringing impedance guidelines of RS-470, but also the 
voltages and frequencies at which the ringer circuit 
MUST ring. When testing a circuit to the conditions of 
Table 2, the minimum measured impedance within 
each voltage and frequency range is divided into the 
impedance listed for that range. The largest number 
obtained over the full set of ranges for a ringing type is 
the REN for that circuit. In addition to the specifica- 
tions of Table 2, RS-470 andthe FCC Rules require that 
the ac ringing impedance of an individual device be 
less than 40 kohms, unless that requirement is already 
provided for by some other parallel device. 

In addition to the above ac specifications, the dc 
requirements impose an upper limit of 0.6 de mA when 
any of the Table 2 ringing signals are applied. 
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(NOTE: The type A ringers mentioned in Table 2 
refer to the inherently frequency selective electro- 
mechanical type ringers used for decades in the typical 
single-line (non-party line) telephone. Type B ringer 
specifications cover a wider frequency range, and were 
developed with the advent of electronic ringers which 
are generally not frequency selective. Ringer types C 
through Q, listed in the FCC and EIA specifications, 
are selective ‘to specific frequency ranges for the 
purpose of party line applications, ‘and are not dis- 
cussed here.) 


TABLE 2 


RINGING CHARACTERISTICS 


Bias 

(Vdc) 
0-105 
0-105 
0-105 
0-105 
0-105 
0-52.5 
0-105 


Ringing Type Frequency Voltage 
(Vrms) 


Impedance . 
(kohms) 


Fae Acceptable 
Unacceptable NN et 
tae 

O 4 


IMPEDANCE (kQ) 


<4 
eas ae 


4.0 5.0 10 2 
FREQUENCY (Hz) 


FIGURE 1 — Quiescent State Minimum Impedance (1-10 Vrms) 
(EIA Standard RS-470) 
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FIGURE 2 — Quiescent State Minimum Impedance (0-3 Vrms) 
(EIA Standard RS-470) 


2000 3200 


CIRCUIT DESCRIPTION - MC34012 

A block diagram is shown in Figure3 (R1-R3, C1-C4, 
and the piezo transducer are external). A ringing signal 
(From Table 2) is applied to the Tip and Ring terminals, 
and the current is rectifed by the full wave bridge. The 
string of six diodes following the bridge provide the 
high impedance required at low voltage (non-ringing) 
levels (see Figures 1 & 2). When the voltage across 


-AC1-AC2 exceeds approximately 5.6 volts (8 diode 


drops) current will flow (several microamps), primarily 
through R3 and into the Bias Circuit block (Ig is 
relatively small). As the current reaches approximately 
0.5 mA, the internal biasing becomes well established, 
and so further increases in voltage result in little 
increase in current. When the voltage at pin RJ reaches 
22 volts, the zener diode conducts and the current 
increases rapidly with voltage. 

The two inputs of the comparator are referenced to 
pin Rg (the output of the diodes), rather than to ground. 
The inverting input is kept at 1.5 volts below Rg by Ia, 
Ra, and Dg. The voltage at the non-inverting input 
depends on the current through R3. When the voltage 
at this input is more than 1.5 volts below Rg the output 
of the comparator changes state, allowing the oscilla- 
tor’s signals to reach the piezo transducer. On-Off 
hysteresis of the comparator is provided for in two 
ways: 1) the comparator’s output (when low) reduces 
the value of Ig, thus reducing the voltage across D, and 
Rg to 1.2 volts; and 2) The load current (IL) passes 
through R3, increasing the voltage across it. When the 
current through R3 is reduced sufficiently to turn off 
the comparator, I, is returned to the higher value, and 
the flip-flop is reset, turning off the output. 

Capacitor C3 filters the waveform across R3 so that 
the comparator does not turn on & off with every cycle 
of the applied ringing signal. In effect, the comparator 
responds to the AVERAGE voltage across R3. C3 also 
filters out transient voltages and noise to prevent false 
ringing. C3 should be large enough (typically 1.0 »F) to 
reject dialing transients, as well as to ensure the 
comparator stays on at the lowest ringing voltage and 
frequency listed in Table 2 (40 Vrms, 15.3 Hz). Values 
larger than 3.0 uF will significantly affect the response 
time of the circuit. 

C4 is a filter for the internal 22 volt supply. With a 
5.0 uF capacitor, aripple of about 3 volts p-p (at 15.3 Hz) 
results at the RJ pin, which shows up on the output pin. 
With a 2.0 ,,F capacitor, the ripple increases to 6 volts 
p-p, with a slight reduction in output sound level of the 
piezo transducer, since the output’s average value is 
lowered. Values less than 2.0 ».F are not recommended. 
Neither C3 nor C4 affect the impedance of the overall 
circuit during ringing. 

The values of C3 and R38 determine the turn-on trip 
point of the circuit, while the turn-off trip point is 
determined by R3, C3, and the load (piezo transducer) 
since the load current (IT) passes through R3. (The line 
input resistor and capacitor, R1 and Cl, also affect the 
on-off trip points, and will be discussed later). 1800 
ohms is the recommended value for R3. A higher value 
will lower the trip points, but will make the circuit more 
susceptible to noise. Additionally, if R3 is too large, it is 
possible the comparator may turn on the output before 
the internal circuitry is fully biased, resulting in erratic 
operation. R3 must therefore be selected to pass suffi- 
cient current to supply the bias current, AND some 
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through the 22 volt zener diode, BEFORE the compar- 
ator switches the output on. On the other hand, a lower 
value of R3 will increase the circuit’s noise rejection, 
while raising the on-off trip voltages. 


/ 
Input VAC 
\ 


Over Voltage 
SCR 
& Clamp 


Oscillator 
& 
Dividers 


Components R2 and C2 set the base frequency of the 
oscillator, and have no effect on the on-off trip points, 
or circuit impedance. Refer to the data sheet for proper 
component values. 


_ 


— Numbers in parentheses 
are pin numbers. 


FIGURE 3 — MC34012 Block Diagram 


CIRCUIT DESCRIPTION - MC34017 

A block diagram is shown in Figure 4. The external 
components are labeled the same as in Figure 3. The 
following provides a functional comparison of the 
MC34017 with that of the MC34012: 


~- The output to the piezo transducer is a push- 
pull configuration, rather than single ended, 
providing 40 volts p-p. 


- The comparator’s inputs are referenced to 
ground rather than to the supply voltage. Vy is 
1.2 volts when the comparator’s output is off 
(low), and 0.9 volts when the output is on. 


- The configuration consisting of the compar- 
ator, R3, and C3 sense the incoming current 
(Ig) to determine the turn-on and turn-off trip 
points. Since I, contains the load current (IT), 
the same hysteresis effect that exists in the 
MC34012 is provided for in this circuit. 


- Five diodes are shown in series with the input 
bridge rather than six. The Current Mirror 
block provides an effective sixth diode, provid- 
ing thesame high impedance at low voltage as 
provided for by the MC34012. 


- Typical values for R3 and C3 are 15 kohms 
and 2.2 uF, respectively. 


MC34012/34017 
IMPEDANCE CHARACTERISTICS 

The circuit of Figure 5 was used to determine the dc 
characteristics, and the results are shown in Figure 6. 
The component values (R2, R3, C2-C4) are typical 
recommended values, and the 0.047 uF capacitor and 
390 ohms resistor simulate a typical piezo transducer. 
The circuit is obviously very non-linear, resembling, in 
effect, a 29 volt zener diode in series with a 450 ohm 
resistor (for Vin > 29 volts). 


QUIESCENT STATE IMPEDANCE 

The very high dc impedance requirements, and the 
fairly high ac impedance requirements (particularly at 
the lowest frequencies) of Table 1, require the use of a 
capacitor in series with the input to the I¢. A series 
resistor is not practical because of the values involved. 
Figure 7 depicts the circuit configuration. The max- 
imum capacitor value (for C1), which results in the 
circuit exceeding the EIA requirements, was experi- 
mentally determined. Figures 8 & 9 indicate the 
impedance curves of the resulting circuit. Figure 8 
shows the results at 10 Vrms only since any lower input 
voltage results in a higher circuit impedance. 

Typically, mylar, polycarbonate, and Teflon capa- 
citors are best suited to meet the dc impedance 
requirements. 
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FIGURE 4 — MC34017 Block Diagram 
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FIGURE 5 — DC Test Circuit 
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FIGURE 6 — DC Characteristics 


RINGING STATE 

Considering (temporarily) the impedance values of 
Table2 as minimums in order to guarantee a REN of 1.0 
or less, reasoning will indicate that the circuit of Figure 
7 will not provide the necessary impedance since: 1) the 
impedance of the ringer I¢ drops off quickly at the 
higher voltages (Figure 6); and 2) the impedance of the 
capacitor (C1) drops off at the higher frequencies. (The 
capacitor’s impedance can be roughly estimated using 
1/2rfC, but this is a VERY rough estimate since the 
current through the capacitor is anything but sinu- 
sodial.) A series resistor (R1) is therefore added (Figure 
10) to provide the additional impedance. The limits on 
the value of R1 are that it must be low enough to allow 
the circuit to operate (output on) at the lowest voltage 
AND frequency of Table 2, and yet high enough to 
provide sufficient impedance at the highest voltage . 
AND frequency. Since an optimum value for R1 is 
difficult to calculate, different values were tested experi- 
mentally with the following results: 


C1 


Signal 
Generator 


2 


3 MC34012 8 


1) 7200 ohms is the maximum value which will 
allow the circuit toturn on at 40 Vrms, 15.3 Hz. 


2) 7800 ohms is the maximum value which will 
allow the circuit to turn on at 40 Vrms, 17 Hz. 


3) 2000 ohms is the minimum value which will 
result in a REN of 1.0 for a type A ringer. 


4) 5500 ohms is the minimum value which will 
result in a REN of 1.0 for a type B ringer. 


5) With R1 chosen within the above mentioned 
range of values, the highest measured circuit 
impedance was approximately 23 kohms, well 
below the maximum allowable of 40 kohms. 
Choosing a value of 6200 or 6800 ohms (2 
watts) for R1 will then result in a circuit which 
is functional at all of the voltages and fre 
quencies listed in Table 2, but also provides a 
REN of less than 1.0 for both type A and B 
ringers. 


The allowable values for C1 are fairly narrow. 
Reducing C1 will increase the circuit impedance and 
lower the REN, but testing indicated that 0.6 uF is the 
lowest value which will allow the circuit to turn on at 40 
Vrms and 17Hz. It was previously determined (see 
Figure 8) that C1’s value could not be much higher than 
1.0uF and still meet the quiescent state impedance 
requirements. The voltage rating for C1 must be at 
least 250 volts, and must be non-polarized. 

The load (represented in Figure 10 by the 0.047 pF 
capacitor and the 390 ohm resistor) affects the overall 
circuit impedance when ringing since the load current 
must be supplied on the Tip and Ring lines, and so the 
actual sound transducer must be installed when 
making the impedance measurements of a production 
circuit. 

Variations in performance over temperature (-20° C 
to +60°C) are minor, and generally do not present a 
problem in most applications. Variations in R1, Cl, R3, 
and C8 will affect input impedance, and the on-off trip 
points, if they drift with temperature. 
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2.2 uF 


FIGURE 7 
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FIGURE 10 — Ringing State Test Circuits 
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SUMMARY 

The MC34012 and MC34017 provide a simple and 
inexpensive means to construct a telephone ringer 
which meets the FCC and EIA impedance and opera- 
tional requirements. The output frequencies to the 
sound transducer are selectable over a 6.5:1 range, and 
three different warble rates are available by appro- 
priate suffix choice (-1, -2, or -3). The circuits are 
designed for use with piezo sound transducers, rather 
than a bulky speaker/transformer arrangement. Only 
3 resistors and 4 capacitors (all standard values) are 
required to make the circuit operationai. 

AREN of1.0 is easily obtained for atypeB ringer, as 
is a REN of 0.5 for a type A ringer. 
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DEFINITION OF TERMS 


RINGER CIRCUIT - 
The bell, or other alerting device (circuit) in a 
telephone. 


ON-HOOK - 
The circuit condition of a telephone when it is not 
in use (handset is on-hook). 


OFF-HOOK - 
The circuit condition of a telephone when it is in 
use (handset is off-hook). 


DTMF - 
Dual Tone MultiFrequency - The dialing system 
where(somewhat musical) tones are produced by a 
pushbutton telephone. 


REN - 


Ringer Equivalence Number - see text. 


TIP, RING - 
The connection points whereby an individual tele 
phone is connected to aswitching network. Ring is 
traditionally negative with respect to Tip. 


TURN-ON TRIP POINT - 
The voltage (at Tip & Ring) at which the ringer 
circuit switches on. 


TURN-OFF TRIP POINT - 
The voltage (at Tip & Ring) at which the ringer 
circuit switches off. 
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Interfacing The Speakerphone To The 
ViC34010/11/13 Speech Networks 


Prepared by 
Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 
Interfacing the MC34018 speakerphone circuit to the 
MC34010 series of telephone circuits is described in this 
application note. The series includes the MC34010, 
MC34011, MC34013, and the newer “A” version of each 
of those. The interface is applicable to existing designs, 
as well as to new designs. 


FUNCTIONAL REQUIREMENTS 

Figure 1 shows the basic MC34010 telephone circuit as 
described in the data sheet. It is a completely functional 
telephone meant for use with a handset, and provides 
the additional function of a microprocessor interface for 
the DTMF dialing function. The MC34011 does not have 
the microprocessor interface, but otherwise is identical, 
including the pin numbers. The MC34013 has the same 
speech network, dialer, and line interface circuit as the 
MC34010, but does not have the microprocessor interface 
or the tone ringer. Except for a minor difference between 
the speech networks of the “A” version parts and the 
“non-A” parts, the interface to the speakerphone circuit 
is virtually the same for all 6 parts. 

Figure 2 shows the basic MC34018 speakerphone cir- 
cuit as described in the data sheet. It is NOT a complete 
telephone, but provides only the speakerphone functions. 
It requires a speech network, such as the MC34010, to 
transfer the speech signals to/from the Tip & Ring lines, 
and to provide the required supply voltage. The four ex- 
ternal connections — transmit output, receive input, dc 
line input, and chip select — are the points which must 
be interfaced to the speech network. 

In the following text, only the MC34010 interface will 
be described. The interface to the other parts is the same 
except where noted. | 

When combining a speech network which operates a 
handset, with a speakerphone circuit, certain changes are 
required in the circuit operation when switching between 
the handset mode and the speakerphone mode, and ad- 
ditionally when the dialing mode is in effect. The four 
modes to be considered are: 1) using the handset for 
speech, 2) using the speakerphone for speech, 3) dialing 
in the handset mode, and 4) dialing in the speakerphone 


mode. The requirements are summarized in the following 
table: | 


Speaker- 
Handset phone 
MC34018 | Vir Mike Mike 


Handset-Speech 
Spkrphone Speech 
Handset-Dialing 
Spkrphone Dialing 


Since the entire circuit is to be powered by the phone 
line, the speakerphone circuit is powered up only when 
it is to be used since it uses a portion of the loop current, 
(a significant portion on long loops). The MC34010, how- 
ever, must be powered all the time since it is the interface 
to the phone line. The Vir voltage mentioned in the table 
is the voltage across the resistor at the LR pin of the 
MC34010, which sets the dc characteristics of the circuit. 
By increasing that resistor, the dc supply voltage (and the 
voltage at Tip & Ring) will be increased in the speaker- 
phone modes, where additional power is required. 


The handset mike is to be functional only in the hand- 
set-speech mode. If it were functional in the speaker- 
phone-speech mode, system oscillations and/or addi- 
tional echoes could occur. Disabling the microphone is 
accomplished by activating the MM (Mike Mute) pin on 
the MC34010. On the MC34010A, activating the MM pin 
results in disabling the transmit amplifier, so in that case, 
a transistor is added to the microphone circuit as the 
means to disable it. In both dialing modes, muting is au- 
tomatic whenever the dialer is activated, so the DITMF 
tones are not distorted by sounds entering the 
microphone. 

The speakerphone mike is listed as N/A in the handset 
modes since the MC34018 circuit is unpowered, effec- 
tively disabling the mike. In the speakerphone dialing 
mode it must be non-functional for the same reason as 
mentioned above. That is accomplished by the fact that 
the MC34010 (and MC34010A) transmit amplifier is inop- 
erative when its DTMF dialer is activated. 
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Figure 1. Basic MC34010 Type Telephone 
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Figure 2. MC34018 Speakerphone Circuit 
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CIRCUIT DESCRIPTION 


SWITCHING ARRANGEMENT 

Figure 3 indicates the switching arrangement for going 
off-hook in either the handset mode or speakerphone 
mode, and for switching between them. S1 (a two pole 
switch) is the normal hook switch activated by lifting the 
handset. S2 (a two pole switch) is a manually operated 
switch which activates the speakerphone. 

Whenever the handset is off-hook, and S2 is in the off 
position, power from Tip & Ring is applied to the 
MC34010 through the diode bridge and S1A. S1B’s po- 
sition is of no consequence in this mode. Should S2 be 
switched on while the handset is off-hook, power is then 
applied to the speakerphone IC through S2B. However, 


TO 
TONE RINGER 
CIRCUIT 


RING O 


Note: 
$1 = Hookswitch 
(Shown On-Hook) 
S2 = Speakerphone On/Off 
Switch 


since S1B is open, the MC34018’s CS pin (Chip Select) is 
taken high through R33, disabling the IC. 

Anytime the handset is on-hook, and S2 is on (both 
poles closed), power is applied to both the MC34010 and 
the MC34018. Since $1B is closed, CS is taken low, en- 
abling the speakerphone circuit. Anytime the handset is 
taken off-hook the circuit will revert back to the handset 
mode. 

The 1.0 Henry inductor isolates the speech signals at 
Tip & Ring from the V+ pin of the MC34018, preventing 
an oscillatory loop from forming. The diode bridge, B2, 
is added for the tone ringer circuit of the MC34010(A), or 
MC34011(A), to keep the switches S1 and S2 from re- 
quiring 3 poles each. 


R5 
TO RECEIVE CIRCUIT 


MC34010,A ° 
SERIES 
SPEECH NETWORK 


MC34018 
SPEAKERPHONE 


Figure 3. Handset/Speakerphone Power Switching 
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TO 
TONE RINGER 
CIRCUIT 


R5 


TIPO 
TO RECEIVE CIRCUIT 


RINGO 


MC34010,A 


D1 
ONO OFF TO OTHER 
CIRCUITRY 
PER FIGURE 1 ae VR 
SERIES 


Vir SHIFT 390 | SPEECH NETWORK 


Since a speakerphone requires more power than a | 
handset, it is necessary, particularly on long loops, to we 7 
increase the Tip-Ring voltage. Since on long loops the 
Tip & Ring lines act more like a current source than a | — 
voltage source, increasing the voltage does not signifi- 
cantly decrease the available loop current. In order to shift 
the dc voltage, the additional components shown in Fig- 
ure 4 are used. The voltage at the output of the diode 
bridge (B1) is equal to the voltage across the LR resistor, 
plus an internal level shift of approximately 3 volts be- st: 
tween V+ and LR. 

In the handset mode, the transistor T2 is on, and the 
equivalent LR resistance is approximately 80 ohms. The 
majority of the loop current (all except about 10 mA) flows 
through the LR resistor. In the speakerphone mode, the S1B 
transistor is off, and the dc voltage is determined by the adie 0 ne 
390 ohm resistor, the internal 3 volt level shift, the resis- = 
tance of the 1 Henry inductor, the 7 volt zener diode, the R33 
current draw of the two ICs, and the loop current. Figure pee 47k MC34018 
5 indicates the Tip-Ring voltage versus loop current for : SPEAKERPHONE 
the two modes (the inductor resistance is 38 ohms). 7V 1000 jaf 

To facilitate the design of the base drive to T2, diode T aa 
D1 is added to the collector of T1, providing approxi- 
mately 1.8 volts at that point. At the cathode of D1, the 
voltage is still regulated at 1.1 volts. 


TIP-RING VOLTS 


. LOOP CURRENT (mA) 
Figure 5. Tip-Ring Voltage versus Loop Current 
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MICROPHONE CONTROLS In Figure 6, when the handset mode is in effect, $1B 

To mute the handset microphone when the speaker- takes the MM pin low, enabling the handset microphone 
phone speech mode is in effect, the circuit of Figure 6 is by turning on the MIC pin (to ground). When the speaker- 
used for the MC34010 (MC34011, MC34013), and the cir- phone mode is in effect, MM is taken high through R32, 


cuit of Figure 7 is used for the MC34010A (MC34011A, disabling the handset microphone (MIC pin is open). 
MC34013A). 


TO 
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Figure 6. Microphone Muting — MC34010 Series 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


3-73 | 


ANS957 


In Figure 7, in the handset mode, S1B is open, T3 is on, 
and the microphone bias current flows through the MIC 
pin. In the speakerphone mode, $1B is closed, turning off 
T3, disabling the microphone. T3 is required for disabling 
the microphone with the “A” series speech networks 
since the transmit amplifier is disabled when the MM pin 
is taken high. 

In both the “non-A” and the “A” version circuits, the 
handset microphones are muted during dialing due to 
the fact that the MIC pin is opened by the dialer circuit. 


SPEECH SIGNALS 
Referring to the complete schematics (Figures 8, 9, 10, 


TO 
TONE RINGER 
CIRCUIT 


TPO 


RING © 


Note: 

$1 = Hookswitch 
(Shown On-Hook) 

S2 = Speakerphone 
On/Off Switch 


TO OTHER 
CIRCUITRY 
PER FIGURE 1 


and 11) the receive signals coming in on Tip & Ring are 
sent to the handset receiver (at RXO) and to the speaker- 
phone circuit's “receive input’ path by the MC34010’s 
hybrid function. It is not necessary to mute the handset 
receiver during speakerphone operation. 

The transmit signals from the handset microphone are 
put onto the Tip & Ring lines through the MC34010’s hy- 
brid function, with a gain determined by resistors 
R27-—R30. In the speakerphone mode, the transmit output 
signals (at TXO of the MC34018) are attenuated by R35 
before being applied to the MC34010’s transmit amplifier. 
The level of the speakerphone transmit signals at Tip & 
Ring can be adjusted by varying R35. 
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Figure 7. Microphone Muting — MC34010A Series 
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R3 C2 
TL 


TXO 


R1 — 30k 
R2 —91k 
R3 —3.3k 
R4 —1M 
R5 — 47k 
R6 —1M 
R7 — 100 k 
R8 —4.7k 
RI —4.3k 
R10 — 200 k 
R11 — 24k 
R12 — 20 k 
R13 — 18 k 
R14— 2k 

R15 — 1.8 k 
R16 — 200 k 
R17 — 1k 

R18 — 100 

R19 — 390 
R20 — 200 k 
R21 — 56k 
R22 — 150 k 
R23 — 56 k 
R24 — 1.5 k 
R25 — 1.5 k 
R26 — 6.8 k 
R27 — 270 

R28 — 200 k 
R29 — 4.7 k 
R30 — 4.7 k 
R31 — 1.5 k 
R32 — 51k 
R33 — 47 k 
R34 — 36 

R35 — 33 k 
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Ci0 | R12 CONTROL 
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ACF 
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jai ea 
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MC34010 ONLY 
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RESONATOR 


od i ra] 


PIEZO 
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R2 TRO 
R3 TRI 
R4 TRS 
C1 
C2 
C3 


HANDSET 


$2B 9 


MC34010/11 and MC34018 


COMPONENT VALUES 
Ci —0.1 L1— 1 Hry, < 100 0 
C2 — 0.068 
C3 — 2.2 pF Z1— 18 V 
C4 — 2.2 pF Z2—4.7V 
cS —0.1 Z3 — 30 V 
C6 — 47 uF Z4—7V 
C7 — 4.7 pF D1, D2 — 1N4001 
C8 — 0.068 
C9 — 47 pF T1 — 2N4126 
C10 — 1 uF T2 — 2N2222A 
C11 — 0.05 
C12 — 47 uF B1 — 1N4004’s 
C13 — 47 wF B2 — 1N4004’s 
C14 — 4.7 uF 
C15 — 4.7 pF S1 — DPDT (Hookswitch) 
C16 — 0.05 $2 — DPST (Speakerphone switch) 
C17 — 0.01 
C18 — 0.05 Handset R’cvr — 300 0 
C19 — 0.1 Handset Mike — Electret 
C20 — 1000 uF Spkr’phone Speaker — 25 ©, 0.3 W 
C21 — 1 uF Spkr’ phone Mike — Electret 
C22 — 4.7 pF 
C23 — 620 pF 
C24 — 0.01 
C25 — 0.01 uF 
C26 — 2.2 uF 
C27 — 0.1 
C28 — 0.05 
C29 — 0.05 
C30 — 1 uF, NP 
C31 — 0.1 
C32 — 0.1 
C33 — 100 pF 
C34 — 100 pF 
C35 — 1 pF 
C36 — 0.1 


Figure 8. Handset/Handsfree System Using the MC34010/11 and MC34018 
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MC34010 ONLY 


500 kHz 
RESONATOR 


HANDSET 


MC34010A/11A and MC34018 . 


COMPONENT VALUES 

R1 — 30k ci —0.1 L1— 1 Hry, < 1000 
R2 —91k C2 — 0.068 
R3 —3.3k C3 — 2.2 uF Z1— 18 V 
R4 —1M C4 — 2.2 uF Z2—4.7V 
R5 —47k C5 —0.1 Z3 — 30 V 
R6 —1M C6 — 47 uF Z4—7V 
R7 — 100k C7 — 4.7 pF 
R8 —47k C8 — 0.068 D1, D2 — 1N4001 
R9 —43k C9 — 47 uF 
R10 — 200 k C10 — 1 uF T1 — 2N4126 
R11 — 24k C11 — 0.05 T2, T3 — 2N2222A 
R12 — 20k C12 — 47 uF 
R13 — 18 k C13 — 47 pF B1 — 1N4004’s 
R14 — 2k C14 — 4.7 pF B2 — 1N4004’s 
R15 — 1.8k C15 — 4.7 uF 
R16 — 200 k C16 — 0.05 S1 — DPDT (Hookswitch) 
R17 —3k C17 — 0.01 S2 — DPST (Speakerphone switch) 
R18 — 100 C18 — 0.05 
R19 — 390 C19 — 0.1 Handset R’cvr — 300 2 
R20 — 200 k C20 — 1000 uF Handset Mike — Electret . 
R21— 56k . C21 — 1 uF Spkr’phone Speaker — 25 0, 0.3 W 
R22 — 150 k C22 — 4.7 uF Spkr’phone Mike — Electret 
R23 — 56 k C23 — 620 pF 
R24 — 1.5 k C24 — 0.1 
R25 — 1.5k C25 — 2.2 uF 
R26 — 6.8 k C26 — 0.01 
R27 — 270 C27 — 0.1 
R28 — 200 k C28 — 0.05 
R29 — 4.7 k C29 — 0.05 
R30 — 4.7 k C30 — 1 uF, NP 
R31 — 1k C31 — 0.1 
R33 — 47 k C32 — 0.1 
R34 — 36 C33 — 100 pF 
R35 — 33 k C34 — 100 pF 
R36 — 3 k C35 — 1 uF 

C36 — 0.1 


Figure 9. Handset/Handsfree System Using the MC34010A/11A and MC34018 
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R12 CONTROL Bie 
EES po ( 
MIKE R11 Ale el R2 
aE as R3 
| +] 0] #}+—ra 
ee ap 
C3 
5 
XD! ag C17 Mc34013 
RXO 
MCO C11 al 
R3 C2 SKI 
Tu R10 
XDC 
500 kHz 
5 TXO C14 RESONATOR 
MC34018 
R4 
TLO 
C4 HANDSET 
7 
RLO 
C7 
CP2 
SKG 
= a) 
JH SKO 
$2B 
R35 
MC34013 and MC34018 
COMPONENT VALUES 
R1 —30k C1 —0.1 L1—1Hry, < 100 0 
R2 —91k C2 — 0.068 
R3 —3.3k C3 — 2.2 uF Z1—i18V 
R4 —1M C4 — 2.2 uF Z4—7V 
R5 —47k cS —0.1 
R6 —1M C6 — 47 uF D1, D2 — 1N4001 
R7 — 100k C7 — 4.7 uF 
R8 — 47k C8 — 0.068 T1 — 2N4126 
RQ —43k C9 — 47 uF T2 — 2N2222A 
R10 — 200 k C10 — 1 uF 
R11 — 24k C11 — 0.05 B2 — 1N4004’s 
R12 — 20k C12 — 47 pF 
R13 — 18 k C13 — 47 uF S1 — DPDT (Hookswitch) 
R14 —2k C14 — 4.7 uF S2 — DPST (Speakerphone switch) 
R17 —1k C15 — 4.7 uF 
R18 — 100 C16 — 0.05 Handset R’cvr — 300 2 
R19 — 390 C17 — 0.01 Handset Mike — Electret 
R20 —:56 k C18 — 0.05 Spkr’phone Speaker — 25 20, 0.3 W 
R21 — 200 k C19 — 0.1 Spkr’phone Mike — Electret 
R22 — 150 k C20 — 1000 uF 
R23 — 56 k C24 — 0.1 
R24 — 1.5 k C25 — 2.2 uF 
R25 — 1.5 k C26 — 0.01 
R27 — 270 C27 — 0.1 
R28 — 200 k C28 — 0.05 
R29 — 4.7 k C29 — 0.05 
R30 — 4.7 k C31 — 0.1 
R31 — 1.5 k C32 — 0.1 
R32 — 51k C33 — 100 pF 
R33 — 47 k C34 — 100 pF 
R34 — 36 C35 — 1 pF 
R35 — 33 k C36 — 0.1 


Figure 10. Handset/Handsfree System Using the MC34013 and MC34018 
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R1 —30k 
R2 —91k 
R3 —3.3k 
R4 —1M 
R5 —47k 
R6 —1M 
R7 — 100k 
R8 —47k 
RQ —43k 
R10 — 200 k 
R11 — 24k 
R12 — 20k 
R13 — 18k 
R14 — 2k 
R17 —3k 
R18 — 100 
R19 — 390 
R20 — 56 k 
R21 — 200 k - 
R22 — 150 k 
R23 — 56 k 
R24 — 1.5 k 
R25 — 1.5k 
R27 — 270 
R28 — 200 k 
R29 — 4.7 k 
R30 — 4.7 k 
R31 — 1k 
R33 — 4.7 k 
R34 — 36 
R35 — 33 k 
R36 — 3k 


VOLUME 
R12/cONTROL 


500 kHz 
RESONATOR 


MC34013A and MC34018 


COMPONENT VALUES 
c1 —0.1 
C2 — 0.068 
C3 — 2.2 uF 
C4 — 2.2 uF 
cS —0.1 
C6 — 47 uF 
C7 — 4.7 uF 
C8 — 0.068 
C9 — 47 uF 
C10 — 1 wF 
C11 — 0.05 
C12 — 47 pF 
C13 — 47 uF 
C14 — 4.7 wF 
C15 — 4.7 uF 
C16 — 0.05 
C17 — 0.01 
C18 — 0.05 
C19 — 0.1 
C20 — 1000 uF 
C24 — 0.1 
C25 — 2.2 uF 
C26 — 0.01 
C27 — 0.1 
C28 — 0.05 
C29 — 0.05 
C31 — 0.1 
C32 — 0.1 
C33 — 100 pF 
C34 — 100 pF 
C35 — 1 uF 
C36 — 0.1 
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L1— 1 Hry, < 100 2 


Z1— 18V 
Z4—7V 


D1, D2 — 1N4001 


T1 — 2N4126 
T2, T3 — 2N2222A 


B2 — 1N4004’s 


$1 — DPDT (Hookswitch) 


$2 — DPST (Speakerphone switch) 


Handset R’cvr — 300 0 
Handset Mike — Electret 


Spkr’phone Speaker — 25 0, 0.3 W 


Spkr’phone Mike — Electret 


Figure 11. Handset/Handsfree System Using the MC34013A and MC34018 
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CONCLUSION 

Interfacing the MC34018 speakerphone circuit to the 
MC34010 series of speech networks has been shown to 
be simple and straightforward. The interface requires the 
addition of 2 diodes, 5 resistors, either 1 or 2 transistors 
(depending on the speech network), and one diode bridge 
for the tone ringer circuit in the MC34010(A) and the 
MC34011(A). Any existing MC34010 type circuit can be 
easily modified to accept the speakerphone circuit. 


REFERENCES 
MC34010 Data Sheet, Dec. 1983, Motorola, Inc. 
MC34010A Data Sheet, May, 1985, Motorola, Inc. 
MC34013 Data Sheet, Nov. 1983, Motorola, Inc. 
MC34013A Data Sheet, Feb. 1985, Motorola, Inc. 
MC34018 Data Sheet, Apr. 1985, Motorola, Inc. 
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Transmit Gain Adjustments | 
For The MC34014 Speech Network | 


By 
Scott Bader and Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 

The MC34014 telephone speech network provides for 
direct connection to an electret microphone and to Tip 
and Ring. In between, the circuit provides gain, drive ca- 
pability, and determination of the ac impedance for com- 
patability with the telephone lines. Since different micro- 
phones have different sensitivity levels, different gain 
levels are required from the microphone to the Tip and 
Ring lines. This application note will discuss how to 
change the gain level to suit a particular microphone 
while not affecting the other circuit parameters. 


CIRCUIT DESCRIPTION 
Refer to Figure 1. The microphone is assumed to be an 
electret type, characterized by a high dynamic imped- 
ance. It is therefore considered to be an ac current source 
rather than a voltage source. If the microphone used has 
a dynamic impedance which is not high (compared to 
Rg), then the microphone must be modeled as a current 
source paralleled by its dynamic impedance. That imped- 
ance value must then be considered to be in parallel with 
Rg in the following equations. The T, amplifier has a fixed 
gain of —20, and the EQ amplifier gain varies from 0.25 
to 0.75, depending on the loop current. Z, is the line 
impedance. The transmit gain is defined as V+/Imjc and 

is equal to: 
V+ Rg x ZL x ATX 


Imic (1 + Re/Ra)Rg + (ATx) (AeQ) (ZL) 


ZL 


TIP 


REGULATOR 


Figure 1. MC34014 Transmit Section 
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where ATx = gain of the transmit amplifier (20 V/V) 


AEQ = gain of the equalization amp. (0.25 to 
0.75 V/V) 
Ra = Rg//10 kQ (10 kO = input impedance 
of Tx amp.) 


The ac impedance of the circuit is defined as: 
Rog (1 + R6/Ra) 
(ATX) (AEQ) 


The receive gain (see data sheet for the equivalent cir- 
cuit) is defined as: 


Zac = 


Gr = R44 Xc/iR2) (Aca) (ATxo) (Asta) x R4 
R4 ((X¢c//R2) + Rg) (1 + Re/Ra) x Ra 

As can be seen from the above equations, changing Rg 
while maintaining the R¢/Ra ratio constant will result in 
a transmit gain change (proportional to Rg) but will not 
affect the other parameters. For example, increasing Rg 
and R¢ by a factor of 3 will increase the transmit gain by 
=10 dB. 


Using the above procedure to increase the transmit 
gain results in increasing Rg, which supplies the bias cur- 
rent to the microphone. If the higher value of Rg results 
in insufficient bias voltage at the microphone, then the 
alternate biasing scheme of Figure 2 should be used. 


O TX! MC34014 


Figure 2. Alternate Biasing Scheme for 
Higher Voltage Microphones 
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TEST RESULTS 

Tests were conducted with a Primo EM-95A micro- 
phone, having a sensitivity of —53 dB +3 dB (0 dB = 1 
V/pbar), and a Hosiden KUC2123 microphone which has 
a sensitivity of —60 dB +3 GB. The test circuit is shown 
in Figure 3. The tests consisted of applying a constant 
sound level to the microphones, and measuring the out- 
put at Vco, while simulating line lengths of 0-21 Kfeet. 
The outputs of the two circuits were nearly identical at 
all tine lengths. 


oS 200 
MIKE - 
3 Rg 0.05 
Rg MC34014 
150 k 2.4k 2.4k 


10pF 3 3k 


Be RECEIVER 


Ca 


CONCLUSION 

Although the designs of the various parameters (trans- 
mit gain, receive gain, ac impedance, etc.) of the MC34014 
speech network are not mutually exclusive due to the 
commonality of various components, it is possible to ad- 
just the transmit gain independently to suit a particular 
microphone. 

For further information on the MC34014 speech net- 
work, refer to the data sheet. 


20 pF 


V ce LOOP 
i CURRENT 


0.02 ne 
47 ak a a 


DIALER 
INTERFACE 


For Primo EM-95A microphone Rg = 500 ©, Rgé = 10 k 
For Hosiden KUC2123 microphone Rg = 1.5k, Rg = 30 k 


Figure 3. Microphone Gain Test Circuit 
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A Speakerphone 


With Receive Idle Mode 


By 
Dennis. Welty and Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 

The MC34018 speakerphone system operates on the 
principle of comparing the transmit and receive signals 
to determine which is stronger, and then switching the 
circuit into that mode. Under conditions where noise 
from the telephone line (in the receive path) exceeds 
the background noise in the transmit path, the speak- 
erphone will switch easily, or even lock, into the receive 
mode. Under these conditions the conversation will 
sound “‘dead”’ to the party at the far-end. It will also be 


more difficult for the near-end party to activate the © 


transmit channel since the transmit detection is at the 
output of the transmit attenuator, which will be at max- 
imum attenuation during this time. The addition of a 
receive idle mode can alleviate this problem by ensur- 
ing that the transmit and receive gains will be approx- 
imately equal when no voice signals are present. This 
allows the far-end party to hear ambient noises, and 
also increases the sensitivity to transmit signals. 


AN959 


CIRCUIT DESCRIPTION 

The additional circuitry is shown in Figure 1. The re- 
ceive signal normally applied to RXIi also drives XDI 
through a 2.7 kQ resistor and a 0.1 «wF capacitor. XDC is 
connected to VLC through the NPN and PNP emitter fol- 
lowers. When voice signals in the receive channel exceed 
the background noise by 4.6 dB, XDC switches high and 
turns off the PNP transistor (the 4.6 dB threshold is built 
into the MC34018). The voltage at VLC is then determined 
by the volume control potentiometer. When voice signals 
are no longer present, XDC decays to 0.5 VB and turns 
on the emitter followers. The voltage at VLC is now de- 
termined by the voltage at XDC. By decreasing the VLC 
voltage with the emitter followers the transmit and re- 
ceive gains are adjusted to produce a receive-idle mode. 

A peak detector using an-external voltage comparator 
and diode is required to hold the receive attenuator fully 
on (out of the idle mode) when constant level signals, 
such as dial tone, are intentionally presented to the re- 


MC34018 


*SEE LM193 DATA SHEET. 


ne 
DC 


+ + SUPPLY 
47 T 47 a aT 1000 

= 7 a RECEIVE 

SIGNAL 


Figure 1. Receive-Idle Circuit 
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ceive channel. When the receive signal at the receive in- 
put exceeds the threshold on the comparator (typically 
20 mV) the peak detector charges the capacitor at XDC 
which prevents the speakerphone from relaxing to the 
idle mode. The PNP transistor is turned off and the volt- 
age at VLC is then determined by the volume control 
potentiometer. Under these conditions the speakerphone 
will be in the receive mode. 

The sensitivity threshold of the voice detector circuitry 
can be changed by applying a dc current to XDI. The 
threshold current (nominally 250 nA) also prevents XDC 
from switching sporadically in quiet signa! conditions. 
The threshold current is determined by the 1 Megohm 
resistor between XDI and the 10 kQ)/91 kQ divider refer- 


enced to VB. Whenever receive signal currents exceed 
the threshold current by 4.6 dB, the voice detector will 
respond and allow XDC to switch high. 


CONCLUSION 
The receive-idie mode is simple to implement, and im- 
proves the performance of the speakerphone system by 
allowing noise rejection in both the receive and transmit 
channels. The voice-switching function operates only on 
valid speech, and ignores background noises. 


REFERENCES 
MC34018 data sheet, Motorola, 1985 
LM193 data sheet, Motorola 
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Equalization of DTMF Signals 


Using the MC34014 


by 
Scott Bader and Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 

This application note will describe how to obtain equal- 
ization (line length compensation) of the DTMF dialing 
tones using the MC34014 speech network. While the 
MC34014 does not have an internal dialer, it has the in- 
terface for a dialer so as to provide the means for putting 
the DTMF tones onto the Tip & Ring lines. The Equali- 
zation amplifier, whose gain varies with loop current, was 
meant primarily to equalize the speech signals. However, 
by adding one resistor, it can be used to equalize the 
DTMF signals as well. 


CIRCUIT DESCRIPTION 

Referring to Figure 1, the gain of the equalization am- 
plifier varies with loop current as it is a function of the 
voltage at the LR pin (Pin 13). The gain varies from a 
minimum of — 12 dB at low loop currents (long line), to 
— 2.5 dB at high loop currents (short line). The output at 
EQ (Pin 6) is in phase with the signals going out onto Tip 
& Ring, but is out of phase with the DTMF input signals 
from the dialer at R7 (see Figure 2). Because of the out- 
of-phase relationship, the signal at EQ can be used to 
partially cancel the signals at the Tone Input (Pin 16). The 
addition of resistor R10 provides the path for this func- 
tion, with the result that the DTMF gain increases as loop 
current decreases. 


= 2.0 
— 3.0 
— 4.0 
— 5.0 


eee 


> ae eens 
1 pi Pi tit iti 
1.8 


ae ole 


Figure 1. Equalization Amplifier Gain 


Because the addition of R10 cancels some of the signal 
going into Pin 16, resistor R7 must be decreased in order 
to restore the overall gain from the dialer to Tip & Ring. 


The DTMF gain values indicated in Figures 3 and 4 is 
the gain from the tone dialer (input at R7) to the Tip & 
Ring lines terminated with a 600 ohm resistor. Figure 3 
indicates the gain CHANGE (as the loop current is varied 
from 60 to 20 mA) versus different values of R10. The 
gain change is a function of R10, and independent of R7. 
Figure 4 indicates the DTMF gain versus R7 for different 
values of R10 at a loop current of 20 mA. 


Because the typical telephone line is not purely resis- 
tive, there will be a phase shift of other than 180° from 
the DTMF dialer to Tip & Ring in most applications. For 
this reason, the values of R10 and R7 will have to be 
adjusted slightly from those in the graphs to compensate 
for the phase shift. 


The MC34014 data sheet mentions that a dc bias cur- 
rent of 20—50 pA is required into Pin 16 in order to bias 
the DTMF amplifier. The addition of R10 will provide the 
bias current from the EQ output for most applications, 
in which case it may be desirable to ac couple the dialer 
to R7 with a 0.5 wF capacitor. Excessive bias current will 
result in clipping of the signals at Tip & Ring. If just the 
addition of R10 results in excessive bias current, then 
the EQ output should be ac coupled to R10 with a 0.5 
pF capacitor, and the bias current supplied either from 
the dialer or from an additional resistor as shown in 
Figure 5. 


For further information on the MC34014, refer to its’ 
data sheet. 
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GAIN CHANGE (dB) 


DTMF 

INPUT 

FROM 
TONE DIALER 


AL AL 


7 
MELE 


REY cane 


DTMF GAIN (dB) 


Loop VARIED FROM 
60 TO 20 mA 


R10 — kO, R7 — kO, 
Figure 3. Gain Change Figure 4. DTIMF Gain 
Yop 
DTMF 
INPUT 


MC34014 


Figure 5. Alternate Biasing 
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A Handsfree Featurephone Design 
Using the MC34114 Speech Network 


and the MC34018 Speakerphone ICs 


Prepared by 
Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 


This application note describes the procedure for com- 
bining the MC34114 speech network with the MC34018 
speakerphone circuit into a featurephone which includes 
the following functions: ten number memory pulse/tone 
dialer, tone ringer, a ‘’Privacy’”’ (Mike Mute) function, and 
line length compensation for both handset and speaker- 
phone operation. 


e 


8 (8) 


NOTE: PIN NUMBERS IN PARENTHESES 
ARE FOR THE SOIC PACKAGE. 


TX! 
R6 


Three circuits are developed in this discussion: a line- 
powered featurephone, a line-powered featurephone 
with.a booster (for using the speakerphone on long lines), 
and one powered from a power supply. The circuits are 
nearly identical, except for the Tip/Ring interface. Their 
performance, however, differs noticeably, particularly in 
the low loop current range. Initially, the discussion will 
focus on the line-powered circuit. 


C8 


13 
(15) 


14 


rea RECEIVER 


Bn 


Ai = — 0.6097 | 1/25 ma 
=> 18 TO 
SIDETONE DIALER 


10 (11) 16 (18) MS 


FROM 


IK DIME 


DIALER 


PULSE/TONE 


R7 SELECT 


Figure 1. MC34114 Block Diagram 
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DESCRIPTION OF THE BUILDING BLOCKS 


NOTE: Several pins on the ICs used in this application 
note have identical nomenclature (Vcc, VB, TXI, MS, Vpp 
and RXI!). They provide separate functions, and are not 
to be connected together, unless so noted. 


MC34114 Speech Network 

The MC34114 is a speech network which interfaces with 
Tip & Ring and provides the 2-to-4 wire conversion (see 
Figure 1). The transmit gain is determined by the micro- 
phone amplifier (fixed gain of 30 dB), R6, C5, the internal 
current gains of A1, A2, the AGC, and the line impedance 
in parallel with R1. The receive gain is determined by ZB, 
the internal current gains of A4 and AGC, C8 and R8. The 
sidetone cancellation is determined by A3 and the ZB 
network. The AGC points have a current gain of 1 at low 
loop current, and decrease to 0.5 (—6 dB) at higher loop 
currents, thus providing line length compensation. R1 
(typically 600 () sets the circuit’s terminating impedance 
for ac (return loss) purposes. 


The MUTE input (when low) disables the microphone 
amplifier, and partially mutes the receive amplifier (with 
an internal 1 k feedback resistor), when dialing. DTMF 
dialing signals are injected at TXI through R7 and C6. The 
Mode Select (MS) input (when low, and MT is low) pro- 
vides a voltage boost at Vcc to ensure adequate voltage 
during DTMF dialing at low loop currents. The 3.3 volt 
regulated output (Vpp) powers the dialer, and the 1.7 
volt regulated output (VR) is used to bias the microphone. 


The dc characteristics at Tip & Ring are determined by 
the diode bridge (1.4 volts), a level shift of approximately 
2.9 volts from Vcc to LR, and the voltage across R2+R3 
(typically 43 and 13 (). All the loop current, minus 
=10 mA, flows through those two resistors. The level 
shift (Vcc — LR) increases to ~3.9 volts when both MUTE 
and MS are low (tone dialing mode). The voltage at 
RAGC, when within the range of 0.5 to 1 volt, controls 
the internal AGC as a function of loop current. 


0 
SPEAKER 


BACKGROUND 
NOISE 
MONITOR 


ee 
ee 


MC34018 
MIKE AMP 


MC34018 Speakerphone 

The MC34018 speakerphone IC (see Figure 2) provides 
all of the necessary functions for a complete speaker- 
phone circuit in a single integrated circuit. Included are 
the transmit and receive attenuators, which operate in a 
complementary manner, to provide the necessary half- 
duplex function. The two level detectors, in conjunction 
with the background noise monitor and control algo- 
rithm, provide a two point sensing and decision making 
system to control the attenuators based on the levels and 
timing of the transmit and receive signals. Additional 
functions include the microphone amplifier, speaker 
amplifier, volume control for the. receive path, and a chip 
select pin. The gain of the speaker amplifier, normally 
+34 dB, is reduced by the AGC circuit in the presence of 
strong signals to prevent clipping at SKO. The component 
values shown are typical. 

Connections to the speakerphone circuit are made to 
the four points at the right end of Figure 2 (Receive Input, 
DC Supply, Chip Select, & Transmit Output). 

The DC supply requires 4 to 11 volts dc, and it must 
be well filtered to prevent oscillations when the speaker 
amp is operating. In a typical line powered circuit, an 
inductor (1H) is used, in conjunction with the 1000 uF 
capacitor shown, to filter the voltage derived from the 
loop current. 

The Receive Input of Figure 2 is derived from the 4-wire. 
side of the speech network. The gain from RXIi to the 
speaker is + 40 dB when in the receive mode at maximum 
volume (+6 dB in the attenuator, + 34 dB in the speaker 
amp). At minimum volume, the attenuator’s gain reduces 
by ~30 dB, for an overall gain of +10 dB. In the transmit | 
mode, the receive gain is ~ —4 dB. 

The transmit gain, from the microphone to Transmit 
Output, is +40 dB (+34 dB in the mike amp, +6 dB in 
the attenuator), and does not vary with the volume con- 
trol. In the receive mode, the transmit gain is ~ —4 dB. 
The Transmit Output will connect to the 4-wire side of 
the speech network. 


RECEIVE 
ee < INPUT 


* voLUuME 
ee 


TRANSMIT 
OUTPUT 


Figure 2. MC34018 Block Diagram 
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The overall speakerphone’s transmit and receive gains 
to/from Tip & Ring will be adjusted at the interface from 
Figure 2 to the speech network. 

Chip Select enables the MC34018 when at a logic low. 
The MC34018’s supply current is normally ~5 mA. When 
CS is taken higher than 1.6 volts, the IC is disabled, and 
the supply current drops to ~500 yA. 


Vcc (Pin 20) is a regulated 5.4 volt output, and VB (Pin. 


21) is‘a regulated 2.9 volt output. VB is typically used to 
bias the microphone. 


MC145412 Dialer 

The dialer is a pulse/tone dialer with 10 number mem- 
ory, including last number redial (Figure 3). The pulse 
and tone functions are selectable by Pin 10 (MS). The 
circuit uses a standard 3.58 MHz crystal, and a standard 
3x4 or 4x4 keypad. 

The NPN transistor at Pin 12 indicates the on-hook/off- 
hook status to the IC. Power for the dialer is the 
MC34114’s Vpp (3.3 volts), diode connected with a mem- 
ory sustaining battery. The DTMF output goes to C6/R7 
of Figure 1, which sets the gain. 

The OPL (OUTPULSING) pin is used to interrupt the 
loop current when pulse dialing. The pin is active low, 
open drain. TSO (Tone Signal Output) provides a pacifier 
tone during pulse dialing. The tone is a 500 Hz square 
wave, which swing from VDD to Vss.- 

The Mute Output (MO) is active low, open drain, and 
pulls to ground while dialing. It is used to mute the speech 
paths during dialing. 
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Figure 3. Pulse/Tone Dialer 


SWITCHING THE CIRCUIT AROUND 


The logic functions involve: a) switching the circuit 
from handset mode to/from speakerphone mode, 
b) switching in and out of either dialing mode while in 
either handset or speakerphone mode, and c) muting the 
two microphones for the “Privacy” function. Table 1 tab- 
ulates the fundamental requinemants applicable to any 
featurephone: 


HANDSET | SPEAKERPHONE 
On 


Handset Speech 
Handset Dialing 
Handset Mike Mute 


Speakerphone Speech 
Speakerphone Dialing 
Speakerphone Mike Mute 


In Table 1, “ON” means fully functional, “OFF” means 
non-functional, and ““MUTE” means partially muted (10 
to 20 dB). To apply Table 1 to the specific ICs described 


- above, the requirements are expanded as follows: 


eine 2. 


Handset Thru MC34114 
Speech 

Handset Pulse 
Dialing 

Handset Tone 
Dialing 

Handset Mike 
Mute 


Thru MC34114 
Thru MC34114 


Thru MC34114 


Speakerphone To MC34018 
Speech 
Speakerphone 
Pulse Dialing 
Speakerphone 
Tone Dialing 
Speakerphone 
Mike Mute 


X = Don’t Care 


To MC34018 
To MC34018 


To MC34018 


A summary of Table 2 is: 

a) The MC34114 speech network is put into the Mute 
mode (MT = Lo) not only for dialing, but also to mute 
the microphone and receiver for the Privacy function 
(Mike Mute), and when in the speakerphone mode. 

b) The MC34018 is disabled for all the handset functions, 
and enabled for all the speakerphone functions. __ 

c) The loop current, which normally flows through the © 
LR pin of the MC34114 (see Figure 1), is directed 
instead to the MC34018 in the speakerphone mode so 
as to make the power available to the speaker. 

d) The MS pins of the dialer, and of the MC34114, are 
significant only during dialing. 


PUTTING IT ALL TOGETHER 


Switching Between Handset and Speakerphone Modes 

To switch between modes, two actions are necessary: 
1) Divert the excess loop current, which normally flows 
through the MC34114, to the MC34018 during speaker- 
phone mode, and 2) enable and disable the speech net- 
work and speakerphone circuits appropriately. The circuit 
of Figure 4 fullfills those requirements: 
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Figure 4. Switching Between Modes 


HS (3 poles) is the hookswitch operated by lifting the 
handset. SS (1 pole) activates the speakerphone when 
the handset is on-hook. The switches are shown on-hook 
in Figure 4. 

lf the handset is lifted (HS transfers), the MC34114 con- 
sumes ~10 mA internally, and the excess loop current 
flows out of the LR pin and through the 43 Q and 13 2 
resistors. The voltage across the 13 © resistor controls 
the AGC function. The configuration in this position is 
similar to that of Figure 1. Additionally, 04 is off, allowing 
CS to be pulled high, disabling the MC34018. 

If the handset is on-hook, and switch SS is closed, the 
MC34114 still consumes ~10 mA internally, but the 
excess loop current now flows through the 1 Henry 
choke, the zener diode, and the 13 (: resistor. The voltage 
across the 13 © resistor still controls the AGC function 
of the MC34114. The MC34018’s CS is held low by 04, 
enabling the speakerphone, and the MC34114’s MT is 
low, muting its microphone and receive amplifiers. If the 
handset is lifted while the speakerphone is in operation, 
the circuit reverts to the handset mode. 

It may appear that CS and MT could be connected 
together and to HS3 to provide the same functions, 
thereby eliminating Q4. The fact, however, that other 
parts of the circuit will be connected to MT in subsequent 
sections of this application note negates that possibility. 


Joining the Receive Paths 

Refering to Figure 1, receive signals arriving at Tip & 
Ring generate a current through the ZB network, into Pin 
15. That current is modified by A4, the AGC, made avail- 
able (as a current) at RXA, and coupled to RXI, where it 
is converted to a voltage by the receive amplifiers and 
R8. The ZB network is typically 12 kQ, and R8 is typically 
3.9 kQ. The receive gain to the handset receiver is there- 
fore nominally — 10 dB at low loop currents. 

To feed the receive signals to the speakerphone, the 
circuit of Figure 5 is used. 

The current out of RXA is now split (by the 1 kQ resis- 
tors) so that approximately half goes to RXI (of the 


MC34114) via C8, and the other half is converted to a 
voltage (by the op amp) for the speakerphone’s Receive 
Input (Figure 2). The MC33171 was chosen for its very 
low supply current (typically 180 uA). The op amp is pow- 
ered from the MC34018’s Vcc output (5.4 volts), and 
biased by the MC34018’s VB (2.9 volts). The receive gain 
for the speakerphone is determined by the following 


equation: 
R x A4 x AGC x 0.5 
i ae ( = ZB +500 0 


The terms A4, ZB, and AGC (from Figure 1) are set at 
0.5, 12 kQ, and 1 respectively for low loop currents. The 
0.5 in the above equation is due to the current splitting 
of Figure 5, and the + 40 dB is the gain of the MC34018’s 
receive attenuator and speaker amp. For a nominal 
overall gain of +30 dB, Rrsp calculates to ~18 k. At 
higher loop currents, the overall gain will be ~ +24 dB. 
The above equation assumes the volume control is set 
to maximum. 

To compensate for the reduced current going to the 
MC34114's receive amplifiers, R8 (Figure 1) is increased 
to 8.2 kf. 
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TO RXO1 & 
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Figure 5. Joining the Receive Paths 
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Figure 6. Joining the Transmit Paths 


Joining the Transmit Paths 

In the transmit path of Figure 1, the microphone signals 
are gained up by 30 dB by the mike amplifier. The output 
at MCO creates a current into TXI through R6 and C5. 
That current is gained up by 100 by A1 and A2 (assume 
AGC = 1), and A2’s output current then acts on the par- 
allel combination of R1 and the line’s ac impedance. Typ- 
ical values are: R6 = 15 kQ, R1 = 600 O, and 600 C2 for 
the line’s impedance. Neglecting the slight loading of R7, 
R12, and ZB, the overall handset transmit gain is ~ + 36 
dB at low loop currents. | 

‘The transmit output (voltage signals) from the speaker- 
phone circuit (Figure 2) is applied to the speech network 
at TXI (a current input) in Figure 1, through a resistor 
(Rtsp) and a coupling capacitor (see Figure 6). For a 
nominal gain of +44 dB (from the microphone to the 
MC34114’s Vcc), Rtsp calculates to be ~18 kQ.. The cou- 
pling capacitor (nominally 0.1 wF) can be varied to set 
the low frequency rolloff. 


Fitting in the Dialer and Another Switch 
The Mute Output of Figure 3 must mute three items: 


1) The MC34114 by pulling its MT pin low, 2) the. 


MC34018’s transmit path, and 3) the MC34018’s receive 
path. This is accomplished with the circuit of Figure 7: 


During dialing, Q1-Q3 are turned on by the dialer. Q1 
mutes the MC34114, which shuts off its microphone 
amplifier, and mutes the receive amplifier by ~27 dB. To 
mute the speakerphone’s transmit path, Rtsp (of Figure 
6) is divided into two resistors, and the junction pulled 
low by Q2, providing ~35 dB muting of TXO’s signal. 
Since the MC34018 will switch to the receive mode during 
DTMF dialing, the transmit attenuator will provide an 
additional muting of 44 dB, for a total of ~79 dB. The 
speakerphone’s receive path is muted by reducing the 
effective resistance at RRX (MC34018’s Pin 28) from 18 
kQ to ~3.7 kQ with Q3. From Figure 3 of the MC34018’s 
data sheet, the receive attenuator’s gain is reduced by 
=23 dB. The 1 wF capacitor on Q3 softens any “‘pops” in 
the speaker when switching out of muting. 


The DTMF output in Figure 3 is simply connected to 
C6/R7 of Figure 1 (or Figure 6) to get the DTMF signals 
to Tip & Ring. Using 24 kQ for R7, and 0.1 wF for C6, 
DTMF levels of ~—3.8 dBm will result at Tip & Ring. 

For pulse dialing, Pin 17 of the MC145412 dialer (OPL) 
is connected to a standard two transistor network to inter- - 
rupt the loop current (Figure 8). The 12 volt zener diode 
protects the circuitry from voltage spikes during pulse 
dialing, and whenever a hook switch is opened. . 

The TSO output (pacifier tone), which is generated only 
when a keypad button is depressed in the pulse dialing 
mode, is injected to the MC34114’s ZB pin so as to make 
it available to both the handset receiver and the speaker- 
phone. This tone is not generated during DTMF dialing. 

To select between pulse and tone dialing modes, the 
switch on the dialer’s Pin 10 (Figure 3) is connected to 
the MC34114’s MS pin (Pin 16). Since the MC34114’s MS 
pin requires a pull-up resistor for a logic high, a diode 
must be added (Figure 8) so the dialer’s MS pin is open 
when the switch is in the pulse position. : 


Switching in Some Privacy 

The Privacy function (Mike Mute of Tables 1 and 2) 
requires only a2 pole switch. One pole mutes the 
MC34114 to disable its microphone amplifier. The other 
pole is wired directly across the speakerphone’s 
microphone. 
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Figure 7. Muting Circuit 
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Figure 8. Pulse Dialing Circuit 


Adding the Tone Ringer 

The MC34017 tone ringer circuit, shown in Figure 9, is 
added to the circuit by simply connecting it directly across 
Tip & Ring. It is not necessary to disconnect the tone 
ringer when off-hook. This circuit will provide a ringer 
with an REN of ~0.5, and meet all the EIA-470 and Bell 


system requirements for impedance, anti-bell tapping, - 


and turn-on/off thresholds. 


Finally, the Complete Circuit 
The complete line-powered featurephone is shown in 


Figure 10. The performance curves for this circuit are | 


shown in Figures 11-16. The ‘““Speaker Amp Max Output 
Swing” is the maximum rms voltage available at the 
speaker amp output (Pin 15) of the MC34018 (its internal 
AGC circuit limits the maximum output to prevent clip- 
ping). The transmit gain tests involved replacing each 
microphone with a signal generator, and adjusting for a 
level of approximately —11 dBm at Tip & Ring into a 
600 © resistive load. The receive tests involve applying 


6.8 k, 1/2 W 


1 2F, NPO 


HOOK 
SWITCHES 


eNO” 
TO TELEPHONE 
CIRCUIT 


approximately —27 dBm to Tip & Ring, and measuring 
the gain to the receiver or speaker. 

As can be seen in Figure 12, the maximum available 
speaker power isa function of the loop current since 
all of the speaker current must come from the loop. 
Consequently, the receive gain for the speakerphone 
(Figure 15) shows a marked decrease at low loop cur- 
rents. It must be remembered that in a line powered 
speakerphone, as the speaker draws current in 
response to a receive signal, the voltage at Tip & Ring 
decreases quickly. As the MC34018’s V+ falls with the 
Tip & Ring voltage, the speaker amp’s output capability 
is reduced. Consequently, a:25 speaker is recom- 
mended for a line powered speakerphone as this makes 
the best use of the power available from the phone line. 
A lower impedance speaker will require more current, 
causing V+ to sag further for a given signal level. A 
higher impedance speaker draws less current, but pro- 
duces less sound power. 
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Figure 9. Tone Ringer Circuit 
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Figure 10. Pulse/Tone Featurephone w/Memory — Line Powered 
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Figure 11. Tip to Ring DC Voltage 
versus Loop Current 
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Figure 13. Transmit Gain versus Loop Current 
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Figure 15. Receive Gain versus Loop Current 
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Figure 12. Speaker Amplifier Output and DTMF Level 
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Figure 14. Transmit Gain versus Frequency 
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Figure 16. Receive Gain versus Frequency 
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‘BOOSTING THE SPEAKERPHONE AT 
LOW LOOP CURRENTS 


Adding a Booster 

To improve the performance of the speakerphone at 
low loop currents (below 30 mA), a minimal cost 
approach is to add an optional booster to the power 
supply portion of the MC34018. The approach in this 
application note is to use a wall mount transformer, 
similar to calculator chargers. A 9 volt ac Adapter, Radio 
Shack model #273-1455A, which contains the diode 
bridge and filter capacitor, was used to minimize the 
additional circuitry within the speakerphone itself. 


DIODES = 1N4002 
Q5 = 2N2222A 


Since this particular ac adapter is specified for use with 
Radio Shack’s speakerphones (model Duofone 102), it 
is this author’s assumption that it complies with appli- 
cable FCC specifications, although that is not so stated 
on the transformer. 

This application does not require a anise voltage 
from the ac adapter, which further simplifies the design. 
The circuit of Figure 17 adds the ac adapter to the circuit 
of Figure 10: 


FROM 
TIP & RING 


MC34114 


RAGC 


ADAPTER 
CONNECTOR 


- Figure 17. Adding a Speakerphone Booster 


The circuit is the same as in Figure 10, but with the 
addition of Q5, the 20 k and 47 C1 resistors, 2 diodes, the 
1000 uF capacitor, and the power supply connector for 
the ac adapter. The zener diode is changed to 5.6 volts 
to provide slightly more voltage to the MC34018 when 
the ac adapter is not used (at higher loop currents). The 
47 © resistor provides short circuit protection for the 
ac adapter, and also aids in filtering 60 Hz ripple from 
the MC34018. 

At low loop currents, and with the adapter plugged in, 
and the circuit in the speakerphone mode (HS2 as shown 
in.Figure 17), D1 is reverse biased by the adapter’s higher 
voltage. All of the speakerphone’s current is now sup- 
plied by the ac adapter. Q5 is on, allowing the excess 
loop current to flow through the MC34114’s LR pin. The 
dc characteristics at Tip & Ring are similar for the handset 
mode and the speakerphone mode. 

At higher loop currents, the dc characteristics “at the 
two modes will differ slightly as some of the MC34018’s 
current may be supplied by the loop. 


Without the adapter plugged in, the circuit will act the 
same as that of Figure 10. Diode D2 prevents Q5 from 
being turned on. a 

In the handset mode, the circuit operates the same as 
that in Figure 10 when it is in the handset mode. 


The Complete Circuit with the Booster 

The complete circuit is shown in Figure 18. A quick 
comparison shows it is identical to that of Figure 10, 
except for the booster section in the lower right hand 
corner. The performance curves for this circuit are 
shown in Figures 19-24. As can be seen in Figures 20 
and 23, the speakerphone’s performance does not 
degrade below 30 mA as had happened in Figures 12 
and 15. The muting specs for this circuit are the same 
as for Figure 10. 
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Figure 18. Pulse/Tone Featurephone w/Memory — Line Powered w/Booster 
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USING A POWER SUPPLY INSTEAD OF 
LINE POWER 


Using A Transformer 

For those cases where it is desireable to power the 
featurephone from a regulated power supply, rather than 
from loop current, a transformer is required to provide 
the isolation needed between the phone line and any ac 
power and earth ground. The primary change to the cir- 
cuit of Figure 10 is in the area of the Tip & Ring interface, 
as shown in Figure 25. It must be remembered: that loop 
length compensation is not possible in this circuit since 
the loop current is not monitored. The MC34114’s RAGC 
pin is grounded in this circuit, setting the transmit and 
receive gains to maximum. 


is +9V 


TO MC34114 
Vcc (PIN 1) 


TO MC34018 1N4742 
V+ (PIN 16) 12V 


Figure 25. Tip/Ring Interface with a Power Supply 


The +9 volt supply powers the MC34114 through the 
transformer winding. In this manner the speech signals 
are coupled between the MC34114 and Tip/Ring. The two 
diodes provide transient clamping, as does the 12 volt 
zener diode. The MC34018 is powered directly from the 
+9 volt supply, eliminating the need for the 1H choke. 


The SS switch (speakerphone on/off) requires one more 
pole now, as shown in Figure 25. (Note: Although a +9 
volt supply is shown, a lower voltage supply could be 
used as well.) 


Changes in the Dialer and Logic Circuit 

To reduce the parts count of the lagic portion of the 
previous circuits, Q1-Q3 were replaced with logic gates. 
A triple 3-input AND gate, with open collector outputs 
(74LS15), fulfills the requirements of Tables 1 and 2. (The 
use of an LSTTL logic gate was not feasible in the pre- 
vious two circuits due to the current consumption of the 
LS device.) The 5 volt power for the gates is derived from 
the +9 volt supply using a 1N4733 zener diode. Since 
the dialer’s mute output drives the gate inputs, it is nec- 
essary to power the dialer from the same +5 volt supply, 
rather than the MC34114’s Vpp supply. The resulting 
logic circuit is shown in Figure 26. 

The use of the logic gate also simplifies the selection 
of handset versus speakerphone mode of operation. The 
diversion of the excess loop current is not an issue in this 
circuit, so the switching of that current is eliminated, 
along with Q4. The Mike Mute function can now be pro- 
vided from a single pole switch, rather than the two pole 
switch of the previous circuits. 

With this circuit, the handset operated switch (HS) 
remains a 3-pole switch. 

Because of the isolation requirement, the MC145412 
dialer requires a relay to break the loop current during 
pulse dialing. Figure 27 depicts this circuit. 

The relay is normally off, and energized only for the 
pulse dialing function. The 1 «wF capacitor (rated 250 volts 
min., NPO) helps absorb the transients generated during 
pulse dialing. 
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Figure 26. Switching Modes Using Logic Gates 
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TO MC34114 
Vcc (PIN 1) 


Figure 27. Pulse Dialer Circuit 


The Complete Circuit with the Power Supply 
The complete circuit is shown in Figure 28. The per- 
formance curves are shown in Figures 29-34. The Tip to 


| Ring dc voltage (Figure 29), determined solely by the dc 


resistance of the transformer winding, is somewhat lower 
than in the previous circuits. Figures 30, 31, and 33 show 
the performance is fairly constant with loop current, 
except for a slight reduction in gain at the higher currents. 
This is due to the characteristics of the transformer used 
in developing this circuit (model #TTPC-13 from Stancor, 
Inc.). Also noticeable in the curves, compared to Figures 
11-16 and 19-24, is the lack of loop length compensation 
— a natural consequence of this type of circuit. 

The muting specifications for this circuit are the same 
as for the line powered circuit. The current required from 
the +9 volt power supply is as follows: 

a) Handset mode: ~32 mA. 

b) Speakerphone mode (no sound at the speaker): 

=41 mA. 

c) Speakerphone mode (max. volume at the speaker): 

=82 mA. 

Although Figure 28 indicates the use of a 25 ohm 
speaker, any impedance speaker within the range of 16 
to 40 © can be used, since this circuit is not line powered. 
The receive gain may have to be adjusted, however, if a 
different speaker is used. 
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Figure 28. Pulse/Tone Featurephone w/Memory — Powered From a Power Supply 
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MC34114/MC34018 Featurephone w/Power Supply 
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Figure 29. Tip to Ring DC Voltage versus Loop Current 
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Figure 32. Transmit Gain versus Frequency 


Figure 31. Transmit Gain versus Loop Current 
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Figure 33. Receive Gain versus Loop Current 


Figure 34. Receive Gain versus Frequency 
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CONSTRUCTION HINTS 


Board Layout 

The filter capacitor for the MC34018 speakerphone IC 
(typically 1000 uF) must be physically adjacent to Pin 16 
of the IC, within 1”. This is particularly important in the 
line-powered versions, where Vcc can vary with the 
speech intensity. Since most of the current is used in the 
speaker amplifier, the PC board track leading to Pin 16 of 
the MC34018 should be laid out with care, preferably 
close tc the zener diode, or the power supply connector. 
The ground tracks should be as wide as possible, and 
laid out with care. 


EMI Susceptibility 

Potential EMI susceptibility problems should be 
addressed early in the electrical and mechanical design 
of the speakerphone. EMI may enter the circuit through 
Tip & Ring, through the microphone wiring to the ampli- 
fiers, or through any of the PC board traces. The most 
sensitive pins on the MC34108 are the inputs to the level 
detectors (RLI, TLI), since, when there is no speech pres- 
ent, the inputs are high impedance and these op amps 
are in a near open loop condition. These board traces 
should be kept short, and the resistor and capacitor for 
each input should be physically close to the pins. Other 
high impedance input pins (MCI, VLC) should be consid- 
ered sensitive to EMI signals. | 

The microphone wires within the handset cord can act 
as an antenna, and pick up nearby radio stations. If this 
is a problem in the final design, adding RF filters (con- 
sisting of ferrite beads and small (0.001 uF) ceramic 
capacitors) to the PC board where the wires attach to the 
board can generally reduce the problem. 


Acoustics 

a) In the design of any speakerphone, acoustics are 
extremely important, and must be considered from the 
very beginning. Building a breadboard with the micro- 
phone and speaker “hanging out in mid air” simply will 
not work!!! One of the most common problems in a 
speakerphone design is acoustic feedback (the speaker 
is closely coupled to the microphone) which results either 
in oscillations (2-10 kHz) or ‘‘motor-boating’’ (1-10 Hz 
switching). A properly designed enclosure for the fin- 
ished product should provide at least 50 dB of acoustic 
loss (speaker drive voltage to microphone output voit- 
age). The physical location of the microphone, along with 
the characteristics of the microphone, will play a large 
role in the quality of the transmitted sound. The micro- 
phone and speaker vendors can usually provide addi- 
tional information on the use of their products. 

b) The quality of the speaker, and the acoustic cavity 
in which it resides, have a major impact on the quality 
of the sound. A little time spent here can go a long way 
towards improving the sound of the finished speaker- 
phone. As a general rule, good electronics cannot com- 
pensate for poor acoustics and/or low speaker quality. 


In the Final Analysis... 
In the final analysis, the circuits shown in this appli- 
cation note will have to be “fined tuned’ to match the 


acoustics of the enclosure, and the specific microphone 
and speaker selected. The component values shown in 
this application note should be considered as starting 
points only. The gains of the transmit and receive paths 
are easily adjusted at key points in the circuits (see appro- 
priate text). The switching response of the speakerphone 
can then be fine tuned by varying (in small steps) the 
components at the level detector inputs until satisfactory 
operation is obtained for both long and short lines. The 
references can be consulted for additional speakerphone 
design theory. 


GLOSSARY 


Attenuation — A decrease in magnitude of a commu- 
nication signal, usually expressed in dB. 


Bandwidth — The range of information carrying fre- 
quencies of a communication system. 


C-Message Filter — A frequency weighting which eval- 
uates the effects of noise on a typical subscriber's system. 


Central Office — Abbreivated CO, it is a main telephone 
office, usually within a few miles of its subscribers, that 
houses switching gear for interconnection within its 
exchange area, and to the rest of the telephone system. 
A typical CO can handle up to 10,000 subscriber numbers. 


dB — A power or voltage measurement unit, referred to 
another power or voltage. It is generally computed as: 
10 x log (P1/P2) for power measurements, and 
20 x log (V4/V92) for voltage measurements. 


dBm — An indication of signal power. 1 mW across 600 0, 
or 0.775 volts rms, is defined as 0 dBm. Any other voltage 
level is converted to dBm by: 

dBm = 20 x log (Vrms/0.775), or 

dBm = [20 x log (Vrms)] + 2.22. 


dBmp — Indicates dBm measurement using a psopho- 
metric weighting filter. 


dBrn — Indicates a dBm measurement relative to 1 pW 
power level into 600 2. Generally used for noise mea- 
surements, 0 dBrn = —90 dBm. 


dBrnC — Indicates a dBrn measurement using a C- 
message weighting filter. 


dBrnC0O — Noise measured in dBrnC referred to zero 
transmission level. 


DTMF — Dual Tone Muiti-Frequency. It is the “tone dial- 
ing’ system based on outputting two non-harmonic 
related frequencies simultaneously to identify the num- 
ber dialed. Eight frequencies have been assigned to the 
four rows and four columns of a typical keypad. 


Four Wire Circuit — The portion of a telephone, or central 
office, which operates on two pairs of wires. One pair is 
for the Transmit path (generally from the microphone), 
and one pair is for the Receive path (generally to the 
receiver). 


Full Duplex — A transmission system which permits com- 
munication in both directions simultaneously. The stan- 
dard handset telephone is full duplex. 
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Gain — The change in signal amplitude (increase or 
decrease) after passing through an amplifier, or other 
circuit stage. Usually expressed in dB, an increase is a 
positive number, and a decrease is a negative number. 


Half Duplex — A transmission system which permits 
communication in one direction at a time. CB radios, with 
“push-to-talk” switches, and voice activated speaker- 
phones, are half duplex. 


Hookswitch — A switch which. connects the telephone 
circuit to the subscriber loop. The name derives from old 
telephones where the switch was activated by lifting the 
receiver off and onto a hook on the side of the phone. 


Line Length Compensation — Also referred to as loop 
compensation, it involves changing the gain of the trans- 
mit and receive paths, within a telephone, to compensate 
for different signal levels at the end of different line 
lengths. A short line (close to the CQ) will attenuate sig- 
nals less, and therefore less gain is needed. Compen- 
sation circuits generally use the loop current as an indi- 
cation of the line length. 


Loop — The loop formed by the two subcriber wires (Tip 
and Ring) connected to the telephone at one end, and 
the central office (or PBX) at the other end. Generally it 
is a floating system, not referred to ground, or ac power. 


Loop Current — The dc current which flows through the 
subscriber loop. Typically provided by the central office 
or PBX, it ranges from 20 to 120 mA. 


Off Hook — The condition when the telephone is con- 
nected to the phone system, permitting the loop current 
to flow. The central office detects the dc current as an 
indication that the phone is busy. 


On Hook — The condition when the telephone is discon- 
nected from the phone system, and no dc loop current 
flows. The central office regards an on-hook phone as 
available for ringing. 


PABX — Private Automatic Branch Exchange. In effect, a 
miniature central office, it is a customer owned switching 
system servicing the phones within a facility, such as an 
office building. A portion of the PABX connects to the 
Bell (or other local) telephone system. 


Pulse Dialing — A dialing system whereby the loop 
current is interrupted a number of times in quick 
succession. The number of interruptions corresponds 
to the number dialed, and the interruption rate is typ- 
ically 10 times per second. The old rotary phones, and 
many new pushbutton phones, use pulse dialing. 


REN — Ringer Equivalence Number. An indication of the 
impedance, or loading factor, of a telephone bell or ringer 
circuit. An REN of 1 equals ~8 k ohms. The Bell system 
typically permits a maximum of 5 REN (1.6 kQ) on an 
individual subscriber line. A minimum REN of 0.2 (40 kQ) 
is required by the Bell system. 


Ring — One of the two wires connecting the central office 
to a telephone. The name derives from the ring portion 
of the plugs used by operators (in older equipment) to 
make the connection. Ring is traditionally negative with 
respect to Tip. 


Sidetone — The sound fed back to the receiver as a result 
of speaking into the microphone. It is a natural conse- 
quence of the 2-to-4 wire conversion system. Widetone 
was recognized by Alexander Graham Bell as necessary 
for a person to be able to speak properly while using a 
handset. 


Speech Network — A circuit which provides 2-to-4 wire 
conversion, i.e. connects the microphone and receiver 
(or the transmit and receive paths) to the Tip and Ring 
phone lines. Additionally it provides sidetone control, 
and in many cases, the dc loop current interface. 


Subscriber Line — The system consisting of the user’s 
telephone, the interconnecting wires, and the central 
office equipment dedicated to that subscriber (also 
referred to as a loop). 


Tip — One of the two wires connecting to the central 
office to a telephone. The name derives from the tip of 
the plugs used by operators (in older equipment) to make 
the connection. Tip is traditionally positive with respect 
to Ring. : 

Tone Ringer — The modern solid state equivalent of the 
old electromechanical bell. It provides the sound when 
the central office alerts the subscriber that someone is 
calling. Ringing voltage is typically 80-90 Vrms, 20 Hz. 


Two-Wire Circuit — Refers to the two wires connecting 
the central office to the subscriber’s telephone. Com- 
monly referred to as Tip and Ring, the two wires carry 
both transmit and receive signals in a differential manner. 


Voiceband — That portion of the audio frequency range 
used for transmission across the telephone system. Typ- 
ically it is 300-3400 Hz. 
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Busala, A., Fundamental Considerations in the Design 
of a Voice Switched Speakerphone, B.S.T.J., 39, 
1960, p. 265. 
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SUGGESTED VENDORS 


Microphones 


Primo Microphones Inc. 
Bensenville, Ill. 60106 
312-595-1022 

Model EM-60 


25 © Speakers 


Panasonic Industrial Co. 
Seacaucus, N.J. 07094 
201-348-5233 

Model EAS-45P19S 


Telecom Transformers 


Microtran Co., Inc. 

Valley Stream, N.Y. 11528 
516-561-6050 

Various models — ask for 
catalog and Applications 
Bulletin F232 


PREM Magnetics, Inc. 
McHenry, II!. 60050 
815-385-2700 

Various models — ask 
for catalog 


Hosiden America Corp. 

Elk Grove Village, III. 60007 
312-981-1144 

Model KUC2123 


MURA Corp. 
Westbury, N.Y. 11590 
516-935-3640 

Model EC-983-7 


Stancor Products 
Logansport, IN 46947 


_ 219-722-2244 


Various models — ask 
for catalog 


Onan Power/Electronics 
Minneapolis, MN 55437 
612-921-5600 

Model TC 38-6 


Motorola Inc. does not endorse or warrant the 
suppliers referenced. 


Compliance with FCC or other regulatory agencies of 
the circuits described herein is not implied or 
guaranteed by Motorola Inc. 
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A Featurephone Design, with Tone Ringer and 
Dialer, Using the MC34118 Speakerphone IC 


Prepared by 
Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 


This application note describes how to add a handset, 
dialer and tone ringer to the MC34118 speakerphone cir- 
cuit. Although any one of several speech networks could 
be used as an interface between the MC34118 and the 
phone line (those possibilities are discussed in separate 
application notes) this application note covers the case 
where simplicity and low cost are paramount. A ‘’Pri- 
vacy” (Mike Mute) function is included, but not pulse 
dialing, nor line length compensation. , 

Two circuits are developed in this discussion: a line- 
powered featurephone and one powered from a power 
supply. The circuits are nearly identical, except for the 
Tip and Ring interface. Their parameters however, differ 
noticeably, particularly in the low loop current range. 


MC34118 DESCRIPTION 


The MC34118 speakerphone IC provides all of the nec- 
essary functions for a complete speakerphone circuit, 


except for the speaker amplifier, in a single integrated 
circuit. Included are the transmit and receive attenuators, 
which operate in a complementary manner, to provide 
the half-duplex function. The four level detectors, in con- 
junction with the background noise monitors and the con- 
trol algorithm, provide a four point sensing and decision 
making system to control the attenuators based on the 
levels and timing of the transmit and receive signals. A 
filter, user selectable to be high pass, low pass, or band- 
pass, is included for filtering either the transmit or receive 
signals. Additional functions include volume control for 
the receive path, a Mute input for the microphone ampli- 
fier and a chip disable pin. A simplified block diagram is 
shown in Figure 1. : 

Unlike many other speakerphone ICs, the MC34118 
includes the hybrid amplifiers for the two-to-four wire 
conversion when used in conjunction with a transformer. 
Figure 2 depicts a basic line powered speakerphone using 
the MC34119 speaker amplifier. When used in parallel 
with any standard telephone, all of the necessary tele- 
phone functions are then provided. 
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Figure 1. Simplified Block Diagram 
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Figure 2. Basic Line-Powered Speakerphone 
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LINE-POWERED FEATUREPHONE 


DC Characteristics 

The DC characteristics of the circuit (Figure 2) are 
determined by the resistance of the transformer wind- 
ing (Stancor TTPC-13 in this circuit development), the 
diode bridge and the zener diode. Using a 3.9 volt zener 
diode (to power the speakerphone and the various parts 
of the circuit) the voltage at Tip and Ring is within the 
EIA-470 guidelines. 

With a Vcc of 3.9 volts, the MC34118 provides a VB 
voltage (Pin 15) of ~1.6 volts. The VB voltage is used as 
an AC ground for the entire circuit. 


Adding the Handset Microphone 

The microphone used in developing this circuit was the 
Primo EM-95 which operates with a bias current of 500 nA 
to 1 mA. The bias current is obtained from the Vcc supply 
voltage, but the bias resistor is composed of two resis- 
tors, with the center tap AC coupled to VB, as shown in 
Figure 3. The AC output level of the microphone is deter- 
mined by the 3.9 kQ. resistor, while the DC bias level is 
determined by the sum of the 3.9 k and 3 k resistors, and 
Vcc. The 0.047 uF capacitor provides high frequency roll- 
off. The AC output of the above circuit goes to Pin 7 (HTI) 
of the MC34118, which is the summing junction of the 
first hybrid amplifier. The 1 k resistor, in conjunction with 
the 100 k feedback resistor on the amplifier (Figure 3), 
sets the gain. In this way, the microphone signals are fed 
to Tip and Ring. The gain of this circuit can be adjusted 
by varying the 1 k or the 3.9 k resistor, or both. Different 
microphone models generally have different biasing 
requirements for optimum output levels. 

The transistor, activated by an active high Mute sig- 
nal, will shut off the microphone when it is to be ino- 
perative, such as during dialing and during speaker- 
phone operation. eg 


Adding the Handset Receiver 

Although the receive signals are available at the filter’s 
output (FO, Pin 1), the low impedance of a typical receiver 
(100-150 (2) requires a separate amplifier, depicted in 


INPUT FROM 
FO (PIN 1) 


SHUTOFF 


Figure 4, to drive it. The MC33171 was chosen due to its 
low supply current (typically 180 yA). It is biased from 
VB and set for a gain of ~0.43 (— 7.3 dB). Low frequency 
roll-off is provided by the 0.047 #F input capacitor, as 
well as by the filter. High frequency roll-off is not provided 
since the presence of high frequencies generally make 
the sound “‘crisper’’ and therefore easier to understand. 
If roll-off. is desired, simply add a capacitor across the 
4.3 k feedback resistor. 

The addition of the op amp facilitates providing side- 
tone control, which is obtained by sampling the transmit 
signal at HTO— (Pin 6) and using that to cancel part of 
the sidetone signal. The 20 k resistor and 0.02 uF capac- 
itor provide a phase shift to compensate for the signal’s 
phase shift at FO relative to HTO —, caused by the trans- 
former and the line’s complex impedance. The combi- 
nation of the phase shift and the 10 k resistor (RS) deter- 
mine the amount of sidetone cancellation. 

Since the op amp is driving an inductive receiver at the 
end of a 2 to 3 foot cord, the 0.01 uF capacitors at the 
inputs are necessary for stability. 

The diode provides a simple means for disabling this 
circuit during speakerphone operation. With “Shutoff” at 
ground, the amplifier is disabled. 
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Figure 3. Handset Microphone Circuit 
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Figure 4. Handset Receiver Circuit 
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Adding the Dialer 

The dialer is the MC145412 pulse/tone dialer with 10 
number memory. Since the pulse dialing function is not 
used, the MS pin is grounded and the OPL (Outpulsing) 
and TSO (Pacifier tone) outputs are not used. The circuit 
uses a standard 3.58 MHz crystal and standard 3 x 4 or 
4x 4 keypads. 


| MC145412 | 


DIALER KEYPAD 
1 


TO MC34118 


TO LOGIC 
CIRCUIT 


Figure 5. Dialer Circuit 


Referring to Figure 5, the NPN transistor at Pin 12 
indicates the on-hook/off-hook status to the IC. Power 
for the dialer is Vcc, diode connected with a memory 
sustaining battery. The DTMF output goes to Pin 7 (HT) 
of the MC34118, which is the summing junction of the 
first hybrid amplifier. The 82 k resistor, in conjunction 
with the 100 k feedback resistor on the amplifier, deter- 
mines the gain. With the values shown, the DTMF out- 
put at Tip and Ring is approximately 550 mVrms 
(—3dBm). To change the output level, vary the 82 k 
resistor appropriately. 

The Mute Output (MO) is active low, open drain and 
pulls to ground while dialing. It is used to mute the speech 
paths during dialing. 

Switching the Circuit Around 

The logic functions involve: a) switching the circuit 
from handset mode to/from speakerphone mode, 
b) switching in and out of the dialing mode while in either 
handset or speakerphone mode and c) muting the two 
microphones for the “Privacy” function. Table 1 tabulates 
the requirements: 


Table 1. 


Speakerphone 


| Handset _| 
ike | row | Mike [Speaker 
On On Off Off 


Handset Speech 
Handset Dialing 
Handset Mike Mute 


Speakerphone Speech 
Speakerphone Dialing 
Speakerphone Mike Mute 


In Table 1, ““ON” means fully functional, ““OFF’’ means 
non-functional and ‘“MUTE” means partially muted (10 
to 20 dB). 


To provide the logic functions and with the intent of 
keeping the number of mechanical switches to a mini- 
mum and simplicity at an optimum, an MC14023 triple 
3-input CMOS NAND gate was used. See Figure 6. 


TO RECEIVE 
PATH MUTE 


TO HANDSET 
MICROPHONE 


MO (FROM MUTE INPUT 


DIALER) 
TO SPEAKERPHONE 
MIKE MUTE 
(MC34118 PIN 12) 


Voc MC14023 


MIKE MUTE 
(PRIVACY) 


HANDSET 


gw O—)_ MODE SELECT 


SWITCH 
SPEAKERPHONE 


TO SPEAKER AMP ENABLE 
AND HANDSET RECEIVER SHUTOFF 


Figure 6. Logic Circuit 


The inputs are the Mute Output (MO) from the dialer 
(described above), the Mike Mute switch and the Mode 
Select switch. The outputs are: 

1. An active low output which enables the MC34119 
speaker amplifier (at its Pin 1) and disables the hand- 
set receiver; 

2. An active high output which disables the speaker- 
phone microphone at the MC34118’s Pin 12 (MUT); 

3. An active high output which disables the handset 
microphone; 

4. An active high output which partially mutes the 
receive path during dialing. The circuit which does 
the partial muting is shown in Figure 7. 
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Figure 7. Receive Path Muting 
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The muting circuit, consisting of the transistor and the 
3 k and 10 k resistors, is inserted in the line from the 
transformer to the filter. Normally the transistor is off and 
the 10 k resistor has little effect on the circuit due to the 
high input impedance of the filter (>200 kQ @ 1 kHz). 
When Mute is asserted, the signal to the filter is muted 
by ~12.7 dB. 

The MC34118’s Disable pin (Pin 3) is hard wired to 
ground since the MC34118 must be functional for both 
the speakerphone and handset modes. 


Adding the Tone Ringer 

The MC34017 tone ringer circuit, shown in Figure 8, is 
added to the circuit by simply connecting it across Tip 
and Ring. It is not necessary to disconnect the tone ringer 
when off-hook. This circuit will provide a ringer with an 
REN of ~1 and meet all the EIA-470 and Bell System 
requirements for impedance, anti-bell tapping and turn- 
on/off thresholds. 


Finally, the Complete Circuit 

The complete line-powered featurephone is shown in 
Figure 9. HS1 and HS2 are the two poles of the hook- 
switch activated by lifting the handset off-hook (HS2 is 
the Mode Select Switch of Figure 6). SS1 is a single pole 
switch which, when closed (and the handset is on-hook), 
powers up the circuit into the speakerphone mode. 
Should the handset be taken off-hook, the circuit reverts 
to the handset mode. 

The performance curves for the circuit are shown in 
Figures 10-15. The “Speaker Amp Max Output Swing” 
is the maximum rms voltage available across pins 5 and 
8 of the MC34119 without noticeable clipping. The trans- 
mit gain tests involved replacing each microphone with 
a signal generator and adjusting for a level of approxi- 
mately —11 dBm at Tip and Ring into a 600 2€ resistive 
load. The receive tests involve applying approximately 
—27 dBm to Tip and Ring, and measuring the gain to the 
receiver or speaker. 


O 
HOOK 
SWITCH f 


TO TELEPHONE 
CIRCUIT 


As can be seen in Figure 11, the maximum available 
speaker power is a function of the loop current since all 
of the speaker current must come from the loop. Con- 
sequently, the receive gain for the speakerphone 
(Figure 14) shows a marked decrease at low loop cur- 
rents. It must be remembered that in a line powered 
speakerphone, as the speaker draws current in response — 
to a receive signal, the voltage at Tip and Ring decreases 
quickly. As Vcc falls with the Tip and Ring voltage, not 
only is the speaker amp’s output capability reduced, but 
the MC34118’s AGC circuit automatically reduces the 
receive gain as Vcc falls below 3.5 volts. This feature 
prevents slow oscillations (motor-boating) due to the 
speaker's current demands. A 25 © speaker is recom- 
mended as this makes the best use of the power available 
from the phone line. A lower impedance speaker will 
require more current, causing Vcc to sag further for a 
given signal level. A higher impedance speaker draws 
less current, but produces less sound power. 

The slight degradation of DTMF levels in Figure 11 and 
in the transmit levels in Figure 12, at higher loop currents 
is a function of the transformer’s performance at those 
current levels. 


Additionally, the following muting specs apply: 

1. Handset microphone: ~37 dB while dialing, in 
speakerphone mode, or when Mike mute switch is 
closed. . 

2. Speakerphone microphone: >60 dB while dialing 
or due to Mike Mute switch, plus an additional 52 dB 
due to the MC34118 switching to the receive mode. 
>60 dB while in the handset mode. 

3. Handset receiver: ~12.7 dB while dialing, ~45 dB 
when in the speakerphone mode. 

4. Speaker: ~12.7 dB while dialing, >100 dB when in 
handset mode. 
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Figure 8. Tone Ringer Circuit 
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Figure 9. Line-Powered Featurephone 
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Figure 11. Speaker Amp. Output and DTMF Level 
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Figure 12. Transmit Gain versus Loop Current 
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Figure 10. Tip to Ring DC Voltage versus Loop Current 
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USING A POWER SUPPLY INSTEAD OF 
LINE POWER 


Figure 16 shows the circuit of Figure 9 modified for use 
with a +5 volt power supply. The only changes are at 
the Tip and Ring interface where the zener diode and 
bridge have been eliminated, but the two hook switches 
(HS and SS) require one more pole each. The transformer 
is used to pass the speech signals and to provide the 
required isolation. 

Current required from the +5 volt power supply is as 
follows: 

1. Handset speech mode: 6 mA. 

2. Handset dialing mode: 11 mA 

3. Speakerphone speech mode (no speech signals): 


9 mA. 

4. Speakerphone receive mode, —27 dBm at Tip and 
Ring: 51 mA. 

5. Speakerphone receive mode, —9 dBm at Tip and 
Ring: 100 mA. 


6. Speakerphone dialing mode: 19 mA. 
Items 4, 5 and 6 above were measured with a 25 2) 
speaker and the volume control set to maximum. 


The performance characteristics are shown in Figures 
17-22. The Tip and Ring DC voltage (Figure 17) is now a 
function only of the transformer winding resistance and 
so is somewhat lower than in the previous circuit. 

The speakerphone performance (Figures 18 and 21) is 
now constant with respect to loop current since Vcc is 
fixed. Performance at 20 mA is similar to that at higher 
loop currents, unlike the previous circuit. Although the 
speaker can be 25 1 as in the previous circuit, it need not 
be since the available power is not limited as before. The 
recommended range for speaker impedance is 8-32 0. 
For different speaker impedances, however, the gain of 
the speaker amplifier may have to be changed to com- 
pensate for the different power level. 

The slight degradation in the transmit curves at high 
loop currents is evident in Figures 18 and 19, as was in 
the previous circuit. 

The muting specs of the transmit and receive paths are 
the same for this circuit as for the previous one. 
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Figure 16. Featurephone With Power Supply 


COOLNV 


AN1003 


TIP TO RING VOLTAGE (DC VOLTS) 


MC34118 Featurephone With Power Supply 


LOOP CURRENT (mA) 


Figure 17. Tip to Ring DC Voltage versus Loop Current 
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Figure 19. Transmit Gain versus Loop Current 
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Figure 21. Receive Gain versus Loop Current 
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CONSTRUCTION HINTS 


Board Layout 

The filter capacitors for the speakerphone IC and the 
speaker amplifier IC (100 uF and 1000 pF respectively) 
must be physically adjacent.to the pins of the ICs, within 
1". This is especially important in the line-powered ver- 
sion, where Vcc varies with the speech intensity. Since 
most of the current is used in the speaker amp, the PC 
board track leading to Pin 6 of the MC34119 should be 
laid out with care, preferrably close to the zener diode, 
or the power supply connector. The ground tracks should 
be as wide as possible, and laid out with care. 


RFI Interference 
Potential radio frequency interference problems should 
be addressed early in the electrical and mechanical 
design of the speakerphone. RFI may enter the circuit 
through Tip and Ring, through the microphone wiring to 
the amplifiers, or through any of the PC board traces. The 
most sensitive pins on the MC34118 are the inputs to the 
level detectors (RLI1, RLI2, TLI1 and TLI2) since, when 
there is no speech present, the inputs are high impedance 
and these op amps are in a near open loop condition. 
These board traces should be kept short and the resistor 
and capacitor for each input should be physically close 
to the pins. Other high impedance input pins (MCI, HTI, 
Fl and VLC) should be considered sensitive to RFI signals. 
_The microphone wires within the handset cord can act 
as an antenna and pick up nearby radio stations. If this 
is a problem in the final design, adding RF filters (con- 
sisting of ferrite beads and small (0.001 uF) ceramic 
capacitors) to the PC board where the wires attach to the 
board can. generally reduce the problem. 


Acoustics - | 

a. In the design of any speakerphone, acoustics are 
extremely important and must be considered from the 
very beginning. Building a breadboard and having the 
microphone and speaker “hanging out in mid air” simply 
will not work! One of the most difficult problems in a 
speakerphone design is acoustic feedback (the speaker 
talks to the microphone) which results either in oscilla- 
tions (2-10 kHz) or ‘‘motor-boating’’ (1-10 Hz switching). 
A properly designed enclosure for the finished product 
should provide at least 50 dB of acoustic loss (speaker 
voltage to microphone output voltage). The physical loca- 
tion of the microphone, along with the characteristics of 
the microphone, will play a large role in the quality of 
the transmitted sound. The microphone and speaker ven- 
dors can usually provide additional information on the 
use of their products. 

b. The quality of the speaker and the acoustic cavity 
in which it resides, have a major impact on the quality 
of the sound. A little time spent here can improve the 
sound of the finished speakerphone. As a general rule, 
good electronics cannot compensate for poor acoustics 
and/or low speaker quality. 


In The Final Analysis... . 

In the final analysis, the circuits shown in this appli- 
cation note will have to be “fine tuned” to match the 
acoustics of the enclosure and the specific microphone 
and speaker selected. The component values shown in 
this application note should be considered as starting 
points only. The gains of the transmit and receive paths 
are easily adjusted at the microphones and speaker/ 
receiver amplifiers, respectively. The switching response 
of the speakerphone can then be fine tuned by varying 
(in small steps) the components at the level detector 
inputs until satisfactory operation is obtained for both 
long and short lines. The MC34118 data sheet should be 
consulted for additional speakerphone design theory. 


GLOSSARY 


Attenuation — A decrease in magnitude of a commu- 
nication signal, usually expressed in dB. 


Bandwidth — The range of information carrying fre- 
quencies of a communication system. 


C-Message filter — A frequency weighting which eval- 
uates the effects of noise on a typical subscriber’s system. 


Central Office — Abbreviated CO, it is a main telephone 
office, usually within of a few miles of its subscribers, 
that houses switching gear for interconnection within its 
exchange area and to the rest of the telephone system. 
Atypical CO can handle up to 10,000 subscriber numbers. 


dB — A power or voltage measurement unit, referred to 
another power or voltage. It is generally computed as: 
10 x log (P4/P2) for power measurements and 
20 x log (V1/V2) for voltage measurements. 


dBm — An indication of signal power. 1 mW across 600 0, 
or 0.775 volts rms, is defined as 0 dBm. Any other voltage 
level is converted to dBm by: 

dBm = 20 x log (Vrms/0.775), or 

dBm [20 x log (Vrms)] + 2.22. 


dBmp — Indicates dBm measurement using a psopho- 
metric weighting filter. 


dBrn — Indicates a dBm measurement relative to 1 pW 
power level into 600 (. Generally used for noise mea- 
surements, 0 dBrn = —90 dBm. 


dBrnC — Indicates a dBrn measurement using a C- 
message weighting filter. 


dBrnCO — Noise measured in dBrnC referred to zero 
transmission level. 


DTMF — Dual Tone MultiFrequency. It is the “tone dial- 
ing” system based on outputting two non-harmonic 
related frequencies. simultaneously to identify the num- 
ber dialed. Eight frequencies have been assigned to the 
four rows and four columns of a typical keypad. 
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Four wire circuit — The portion of a telephone, or central 
office, which operates on two pairs of wires. One pair is 
for the Transmit path (generally from the microphone) 
and one pair is for the Receive path (generally to the 
receiver). 


Full duplex — A transmission system which permits com- 
munication in both directions simultaneously. The stan- 
dard handset telephone is full duplex. 


Gain — The change in signal amplitude (increase or 
decrease) after nassing through an amplifier or other cir- 
cuit stage. Usually expressed in dB, an increase is a pos- 
itive number and a decrease is a negative number. 


Half duplex — A transmission system which permits com- 
munication in one direction at a time. CB radios, with 
“push-to-talk” switches and voice activated speaker- 
phones, are half duplex. 


Hookswitch — A switch which connects the telephone 
circuit to the subscriber loop. The name derives from old 
telephones where the switch was activated by lifting the 
receiver off and onto a hook on the side of the phone. 


Line length compensation — This is also referred to as 
loop compensation. It involves changing the gain of the 
transmit and receive paths, within a telephone, to com- 
pensate for different signal levels at the end of different 
line lengths. A short line (close to the CO) will attenuate 
signals less and therefore less gain is needed. Compen- 
sation circuits generally use the loop current as an indi- 
cation of the line length. 

Loop — The loop formed by the two subscriber wires 
(Tip and Ring) connected to the telephone at one end and 
the central office (or PBX) at the other end. Generally it 
is a floating system, not referred to ground, or ac power. 


Loop Current — The dc current which flows through the 
subscriber loop. Typically provided by the central office 
or PBX, it ranges from 20 to 120 mA. 


Off hook — The condition when the telephone is con- 


nected to the phone system, permitting the loop current — 


to flow. The central office detects the dc current as an 
indication that the phone is busy. 


On hook — The condition when the telephone is discon- 
nected from the phone system and no dc loop current 
flows. The central office regards an on-hook phone as 
available for ringing. 


PABX — Private Automatic Branch Exchange. This is a 
customer owned switching system servicing the phones 
within a facility. It is in effect, a miniature central office. 
A portion of the PABX connects to the Bell (or other local) 
telephone system. 


Pulse dialing — A dialing system whereby the loop cur- 
rent is interrupted a number of times in quick succession. 
The number of interruptions corresponds to the number 
dialed and the interruption rate is typically 10 times per 
second. The old rotary phones and many new pushbutton 
phones, use pulse dialing. 


REN — Ringer Equivalence Number. This is an indication 
of the impedance, or loading factor, of a telephone bell 
or ringer circuit. A REN of 1 equals ~8 k ohms. The Bell 
system typically permits a maximum of 5 REN (1.6 kQ) 
on an Individual subscriber iine. A minimum REN of 60.2 
(40 kQ) is required by the Bell system. 


Ring — This is one of the two wires connecting the central 
office to a telephone. The name derives from the ring 
portion of the plugs used by operators (in older equip- 
ment) to make the connection. Ring is traditionally neg- 
ative with respect to Tip. 


Sidetone — The sound fed back to the receiver as a result 
of speaking into the microphone. It is a natural conse- 
quence of the 2-to-4 wire conversion system. Sidetone 
was recognized by Alexander Graham Bell as being nec- 
essary for a person to be able to speak properly while 
using a handset. 


Speech network — A circuit which provides 2-to-4 wire 
conversion, i.e. connects the microphone and receiver 
(or the transmit and receive paths) to the Tip and Ring 
phone lines. Additionally it provides sidetone control and 
in many cases, the dc loop current interface. 


Subscriber Line — This is the system consisting of the 
user’s telephone, the interconnecting wires and the cen- 
tral office equipment dedicated to that subscriber. It is 
also referred to as a loop. 


Tip — One of the two wires connecting the central office 
to a telephone. The name derives from the tip of the plugs 
used by operators (in older equipment) to make the con- 
nection. Tip is traditionally positive with respect to Ring. 


Tone Ringer — The modern solid state equivalent of the 
old electromechanical bell. It provides the sound when 
the central office alerts the subscriber that someone is 
calling. Ringing voltage is typically 80-90 Vrms, 20 Hz. 


Two wire circuit — Refers to the two wires connecting 
the central office to the subscriber’s telephone. Com- 
monly referred to as Tip and Ring, the two wires carry 
both transmit and receive signals in a differential manner. 


Voiceband — That portion of the audio frequency range 


used for transmission across the telephone system. Typ- 
ically it is 300-3400 Hz. 
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Microphones 
Primo Microphones Inc. 
Bensenville, Ill. 60106 
312-595-1022 
Model EM-60. 


25 © Speakers 
Panasonic Industrial Co. 
Seacaucus, N.J. 07094 
201-348-5233 
Model EAS-45P19S 


Telecom Transformers 
Microtran Co., Inc. 
Valley Stream, N.Y. 11528 
516-561-6050 
Various models — ask for 
catalog and applications 
Bulletin F232 _ 


Stancor Products 
Logansport, IN 46947 
219-722-2244 

Various models — ask 
for catalog 


SUGGESTED VENDORS 


Hosiden America Corp. 

Elk Grove Village, Il]. 60007 
312-981-1144 

Model KUC2123 


PREM Magnetics, Inc. 

_ McHenry, Ill. 60050 
815-385-2700 
Various models — ask for 
catalog 


Onan Power/Electronics 
Minneapolis, MN 55437 
612-921-5600 

Model TC 38-6 


MURA Corp. 
Westbury, N.Y. 11590 
516-935-3640: 

Model EC-983-7 


Motorola Inc. does not endorse or warrant the suppliers referenced. 


Compliance with FCC or other regulatory agencies of the circuits 
described herein is not implied or guaranteed by Motorola. 
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A Handsfree Featurephone Design 
Using the MC34114 Speech Network 
and the MC34118 Speakerphone ICs 


Prepared by 
Dennis Morgan 
Bipolar Analog IC Division 


INTRODUCTION 


This application note describes the procedure for com- 
bining the MC34114 speech network with the MC34118 
speakerphone circuit into a featurephone which includes 
the following functions: ten number memory pulse/tone 
dialer, tone ringer, a “Privacy” (Mike Mute) function and 
line length compensation for both handset and speaker- 
phone operation. 
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Three circuits are developed in this discussion: a line- 
powered featurephone, a line-powered featurephone 
with a booster (for using the speakerphone on long lines), 
and one powered from a power supply. The circuits are 
nearly identical, except for the Tip and Ring interface. 
Their performance however, differs noticeably, particu- 
larly in the low loop current range. Initially, the discussion 
will focus on the line-powered circuit. 
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Figure 1. MC34114 Block Diagram 
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DESCRIPTION OF THE BUILDING BLOCKS 


NOTE: Several pins on the ICs used in this application 
note have identical nomenclature (Vcc, VB, TXI, MS, Vpp 
and RXI). They provide separate functions, and are not 
to be connected together unless so noted. 


MC34114 Speech Network 

The MC34114 is a speech network which interfaces with 
Tip and Ring, and provides the 2-to-4 wire conversion 
(see Figure 1). The transmit gain is determined by the 
microphone amplifier (fixed gain of 30 dB), R6, C5, the 
internal current gains of Ai, A2, the AGC, and the line 
impedance in parallel with R1. The receive gain is deter- 
mined by ZB, the internal current gains of A4 and the 
AGC, C8 and R8. The sidetone cancellation is determined 
by A3 and the ZB network. The AGC points have a current 

_ gain of 1 at low loop current, and decrease to 0.5 (—6 
dB) at higher loop currents, thus providing line length 
compensation. R1 (typically 600 (2) sets the circuit’s ter- 
minating impedance for ac (return loss) purposes. 

The MUTE input (when low) disables the microphone 
amplifier, and partially mutes the receive amplifier (with 
an internal 1 k feedback resistor), when dialing. DTMF 
dialing signals are injected at TXI through R7 and C6. The 
Mode Select (MS) input (when low, and MT is low) pro- 
vides a voltage boost at Vcc to ensure adequate voltage 
during DTMF dialing at low loop currents. The 3.3 volt 
regulated output (Vpp) powers the dialer, and the 1.7 
volt regulated output (VR) is used to bias the microphone. 


The dc. characteristics at Tip and Ring are determined 
by the diode bridge (1.4 volts), a level shift of approxi- 
mately 2.9 volts from Vcc to LR, and the voltage across 
R2+R3 (typically 43 © and 13 Q). All the loop current, 


minus ~10 mA, flows through those two resistors. The 


level shift (VcC—LR) increases to ~3.9 volts when both 
MUTE and MS are low (tone dialing mode). The voltage 
at RAGC, when within the range of 0.5 to 1 volt, controls 
the internal AGC as a function of loop current. 


MC34118 Speakerphone 

The MC34118 speakerphone IC (see Figure 2) provides 
all the necessary functions for a complete speakerphone 
circuit in a single integrated circuit. Included are the trans- 
mit and receive attenuators, which operate in a comple- 
mentary manner, to provide the necessary half-duplex 
function. The four level detectors, in conjunction with the 
two background noise monitors and control algorithm, 
provide a four point sensing and decision making system 
to control the attenuators based on the levels and timing 
of the transmit and receive signals. Additional functions 
include the microphone amplifier, a Mute input for the 
microphone amplifier, volume control for the receive 
path, a filter, and a Chip Disable pin. The gain of the 
receive attenuator, normally +6 dB at max. volume, is 
reduced by the AGC circuit as Vcc falls below 3.5 volts 
to control the amount of voltage sag in a line powered 
application. The component values shown are typical. 

Connections to the MC34118 circuit are made to several 
points around the circuit as follows: 
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Figure 2. MC34118 Block Diagram 
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The TRANSMIT OUTPUT (upper right) connects to the 
4 wire side of the speech network. The transmit gain, 
from the microphone to TRANSMIT OUTPUT, is +37 dB 
(+31 dB in the mike amp, +6 GB in the Tx attenuator), 
and does not vary with the volume control. In the receive 
mode, the transmit gain is ~ — 15 dB. 

The RECEIVE INPUT (lower right) is derived from the 
4 wire side of the speech network. The gain from RXI to 
RXO is +6 dB when in the receive mode at maximum 
volume. At minimum volume, the attenuator’s gain 
reduces by ~46 dB, for an overall gain of — 40 dB. In the 
transmit mode, the gain is ~—46 dB. Pins 22 (Receive 
out) and 20 (Receive level detector input) connect to the 
external speaker amplifier (MC34119). 

The overall speakerphone’s transmit and receive gains 
to and from Tip and Ring are adjusted at the mike and 
speaker amplifier and at the 4-wire interface. 

The MIKE MUTE input disables the mike amplifier when 
at a logic high. Chip Disable disables the MC34118 when 
at a logic high, reducing the MC34118’s supply current 
from a normal ~5.5 mA to ~600 pA. 

The two op amps (pins 5, 6, 7) are available for a variety 
of uses. Figure 23 of the MC34118 data sheet, for exam- 
ple, indicates their use with a transformer to form a stand- 
alone speakerphone. Later in this application note how- 
ever, they will be used with the MC34114 as part of the 
receive path. 

Vcc (Pin 4) is the power supply input, requiring 3 — 
6.5 volts @ ~5.5 mA. The 100 uF capacitor must be phys- 
ically adjacent to pin 4 in the board layout to prevent 
oscillations. 

VB is the ac ground for the IC, and must be well filtered, 
as shown. 


MC34119 Speaker Amplifier 

The MC34119 (Figure 3) is a 400 mW speaker amplifier, 
capable of 500 mW peaks. With a supply voltage range 
down to 2 volts, it is well suited for speakerphone appli- 
cations. The gain is adjustable from less than 0 GB (it is 
unity gain stable) to a maximum of ~46 dB to cover the 
voiceband. It provides a differential output to the speaker, 
eliminating the bulky series capacitor normally needed 
with single-ended outputs. Additionally, the device has 
a Chip Disable pin which, when taken high, sets the out- 
puts to a high impedance state. 
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Figure 3. Speaker Amplifier 


The dc supply at Vcc must be well filtered to prevent 
oscillations when the speaker amplifier is operating. Ina 
typical line powered circuit, an inductor (1H) is used, in 
conjunction with a 1000 «F capacitor at Vcc, to filter the 
voltage derived from the loop current. Capacitors C1 and 
C2 shown in Figure 3 are not used in this application. 
Instead, bias is provided to Pin 3 from the MC34118’s VB 


pin. 


MC145412 Dialer 

The dialer is a pulse/tone dialer with 10 number mem- 
ory, including last number redial (Figure 4). The pulse/ 
tone functions are selectable at Pin 10 (MS). The circuit 
uses a standard 3.58 MHz crystal, and a standard 3x4 or 
4x4 keypad. 
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Figure 4. Pulse/Tone Dialer 


The NPN transistor at Pin 12 indicates the on-hook/off- 
hook status to the IC. Power for the dialer is the 
MC34114's Vpp (3.3 volts), diode connected with a mem- 
ory sustaining battery. The DTMF output goes to C6/R7 
of Figure 1. 

The OPL (OUTPULSING) pin is used to interrupt the 
loop current when pulse dialing. The pin is an active low 
open drain. TSO (Tone Signal Output) provides a 500 Hz 
pacifier tone during pulse dialing. The tone is a square 
wave, which swing from Vpp to Vss. 

The Mute Output (MO) is active low, open drain and 
pulls to ground while dialing. It is used to mute the speech 
paths during dialing. 


SWITCHING THE CIRCUIT AROUND 


The logic functions involve: a) switching the circuit 
from handset mode to and from speakerphone mode, 
b) switching in and out of either dialing mode while in 
either handset or speakerphone mode, and c) muting the 
two microphones for the “Privacy” function. Table 1 tab- 
ulates the fundamental requirements applicable to any 
featurephone: . 
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Table 1. 


Mike [Reve] Mike [Speaker 
On | On | Off Off 


Handset Speech 
Handset Dialing 
Handset Mike Mute 


Speakerphone Speech 
Speakerphone Dialing 
Speakerphone Mike Mute 


Handset Speech 
Handset Pulse Dialing 
Handset Tone Dialing 
Handset Mike Mute 


Speakerphone Speech 
Speakerphone Pulse Dialing 
Speakerphone Tone Dialing 
Speakerphone Mike Mute 


X = Don’t Care 


A summary of Table 2 is: . 

a) The MC34114 speech network is put into the Mute 
mode (MT = Lo) not only for dialing, but also to mute 
the microphone and receiver for the Privacy function 
(Mike Mute), and when in the speakerphone mode. 
The MC34118 and MC34119 are disabled for all the 
handset functions, and enabled for all the speaker- 
phone functions. 

c) The MC34118’s Mike Mute function is activated for 
dialing and for the Privacy function. ; 

The loop current, which normally flows through the 
LR pin of the MC34114 (see Figure 1), is directed 
instead to the MC34119 in the speakerphone mode so 
as to make the power available to the speaker. _ 
The MS pins of the dialer and of the MC34114, are 
significant only during dialing. 


b 
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In Table 1, ““ON”’ means fully functional, ““OFF’’ means 
non-functional, and ““MUTE” means.partially muted (10 
to 20 dB). To apply Table 1 to the specific ICs described 
previously, the requirements are expanded in Table 2: 


Thru MC34114 
Thru MC34114 
Thru MC34114 
Thru MC34114 


To MC34119 
To MC34119 
To MC34119 
To MC34119 


PUTTING IT ALL TOGETHER 


Switching Between Handset and Speakerphone Modes 

To switch between modes, two actions are necessary: 
1) Divert the excess loop current, which normally flows 
through the MC34114, to the MC34119 during speaker- 
phone mode, and 2) enable and disable the speech net- 
work and speakerphone circuits appropriately. The circuit 
of Figure 5 fullfills those requirements: 


HS (3 poles) is the hookswitch operated by lifting the 
handset. SS (1 pole) activates the speakerphone when 
the handset is on-hook. The switches are shown on-hook 
in Figure 5. 


1N4733 


MC34118 


GND 
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Figure 5. Switching Between Modes 
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If the handset is on-hook, and switch SS1 is closed 
(speakerphone mode), the MC34114 uses ~10 mA inter- 
nally, but the excess loop current flows through the 1 
Henry choke, the zener diode and the 13 © resistor. The 
voltage across the 13 © resistor controls the line length 
compensation function of the MC34114. The MC34118 
and MC34119’s CD pins are held low by HS3, enabling 
the speakerphone circuit. The MC34114’s MT is low, mut- 
ing its microphone and receive amplifiers. If the handset 
is lifted while the speakerphone is in operation, the circuit 
automatically switches to the handset mode. 

When the handset is lifted (HS transfers), the MC34114 
consumes ~10 mA internally, but the excess loop current 
now flows through the MC34114, out of the LR pin and 
through the 43 © and 13 Q resistors. The voltage across 
the 13 © resistor still controls the line length compen- 
sation. This configuration is similar to that of Figure 1. 
Since the MC34118 and MC34119 are disabled (their CD 
pins are pulled high), their current consumption is 
reduced to <1 mA. 


Joining the Receive Paths 

Referring to Figure 1, receive signals arriving at Tip and 
Ring generate a current through the ZB network, into pin 
15. That current is modified by A4 and the AGC, made 
available (as a current) at RXA, and coupled to RXI, where 
it is converted to a voltage by the receive amplifiers and 
R8. The ZB network is typically 12 kQ, and R8 is typically 
3.9 kQ. The receive gain to the handset receiver is there- 
fore nominally — 10 dB at low loop currents. 

To feed the receive signals to the speakerphone, the 
circuit of Figure 6 is used. 


MC34114 


TO RXO1 & 
RECEIVER 


TO RECEIVE 
INPUT 
(FIGURE 2) 


Figure 6. Joining the Receive Paths 


The current out of RXA is now split by the 1 kQ resistors 
so that approximately half goes to RX! (of the MC34114) 
via C8, and the other half is converted to a voltage (by 
the op amp) for the speakerphone’s Receive Input (Figure 
2). The second op-amp (at HTO + ) is unused in this appli- 
cation. The receive gain for the speakerphone (from Tip/ 
Ring to the speaker) is determined by the following 
equation: 


R x A4 x AGC x 0.5 
Grx = 20 log [Base AGE xO | + 6dB 


+ 20 log (2 aay 


The terms A4, ZB, and AGC (from Figure 1) are set at 
0.5, 12 kQ, and 1 respectively for low loop currents. The 
0.5 in the first term is due to the current splitting of 
Figure 6. The + 6 GB is the gain of the MC34118's receive 
attenuator at maximum volume. The third term is the 
gain of the speaker amplifier. 

It is desirable to have as much gain as possible early 
in the receive path to minimize the effects of noise gen- 
erated or picked up by the circuit. Since the maximum 
allowable input at RXI is 350 mVrms, a gain of 3.5 
(10.9 dB) was chosen for the first term above, in order 
to accommodate receive signals of 100 mVrms 
(—17.8dBm) at Tip and Ring. Rrasp calculates to 
approximately 160 kQ. For an overall gain of ~ + 30 dB, 
Rf/Ri must be ~2.2. At higher loop currents, the overall 
gain will be ~+24 dB, due to the line length compen- 
sation function. 


Joining the Transmit Paths 

In the transmit path of Figure 1, the microphone signals 
are gained up by 30 GB by the mike amplifier. The output 
at MCO creates a current into TXI through R6 and C5. 
That current is gained up by 100 by A1 and A2 (assume 
AGC = 1), and A2’s output current then acts on the par- 
allel combination of R1 and the line’s ac impedance. Typ- 
ical values are: R6 = 15 kQ, R1 = 600 ©, and 600 2 for 
the line’s impedance. Neglecting the slight loading of R7, 
R12, and ZB, the overall handset transmit gain is 
~ +36 dB at low loop currents. 


MC34018 


MC34114 


Figure 7. Joining the Transmit Paths 


The transmit output from the speakerphone circuit 
(Figure 2) is applied to the speech network at TXI in 
Figure 1, through a resistor (RTsp) and a coupling 
capacitor (see Figure 7). For a nominal gain +40 dB 
(from the microphone to the MC34114’s Vcc), RTsp 
calculates to be ~11 kQ. The coupling capacitor (typi- 
cally 0.1 wF) can be adjusted to set the low frequency 
rolloff. 


Fitting in the Dialer 

The DTMF output in Figure 4 is simply connected to 
C6 and R7 of Figure 1 to get the DTMF signals to Tip and 
Ring. Using 20 kQ for R7, and 0.1 wF for C6, DTMF levels 
of ~—2.2 dBm will result at Tip and Ring at low loop 
currents. | 
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Figure 8. Pulse Dialing Circuit 


For pulse dialing, Pin 17 of the MC145412 dialer (OPL) 
is connected to a standard two transistor network to inter- 


rupt the loop current (Figure 8). The 12 volt zener diode ~ 
protects the circuitry from voltage spikes during pulse | 


dialing (and whenever a hook switch is opened). 

The TSO output (pacifier tone), which is generated only 
when a keypad button is depressed in the pulse dialing 
mode, is injected to the MC34114’s ZB pin so as to make 
it available to both the handset receiver and the speaker- 
phone. This tone is not generated during DTMF dialing. 

To select between pulse and tone dialing modes, the 
switch on the dialer’s Pin 10 (Figure 4) is connected to 
the MC34114’s MS pin (Pin 16). Since the MC34114’s MS 
pin requires a pull-up resistor for a logic high, a diode 
must be added (Figure 8) so the dialer’s MS pin is open 
when the switch is in the pulse position. 
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Figure 9. Muting Circuit 


Muting and Privacy 

The Mute Output of Figure 4 must mute (by at least 
45 dB) both microphone paths, and partially mute 
(10-20 dB) both receive paths during dialing. The pri- 
vacy (Mike Mute) function requires muting the micro- 
phones only by at least 55 dB. This is accomplished 
with the circuit of Figure 9 using an MC14023 CMOS 
triple NAND gate. The inputs to the logic circuit are the 
Mute Output (MO) from the dialer, the Mike Mute (Pri- 
vacy) switch and the speakerphone/handset mode 
select switch HS3 (same as that of Figure 5). The out- 
puts are to the speakerphone’s receive path, the 
MC34114’s Mute (which mutes both its transmit and 
receive paths), the speakerphone’s microphone, and to — 
the speakerphone and speaker amp’s CD pins. The 
MC14023 is powered by the MC34114’s Vpp output. 

The circuit of Figure 9 will: 

a) Mute the receiver and speaker and disable both 
microphones during dialing; 

b) Disable both microphones when the Privacy switch 
is closed; 

c) Enable either the MC34114 or the MC34118/ 
MC34119 combination in response to the Mode Select 
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Figure 10. Receive Path Muting 
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Figure 11. Tone Ringer Circuit 


Switch. HS3 is shown on-hook in Figure 9, which enables 
the speakerphone when SS1 of Figure 5 is closed. (Note: 
In Figure 5, HS3 is shown controlling the MC34114’s MT 
pin directly. In Figure 9 the same function is achieved 
through the NAND gate). 

Muting of the speakerphone’s receive path (from the 
above circuit) is accomplished with the circuit of Figure 
10. The muting is inserted in the speakerphone’s 
receive path leading to the filter. Normally, the transis- 
tor is off and the 10 k resistor has little effect on the 
circuit due to the filter’s high input impedance (>200 
kQ @ 1 kHz). When Mute is asserted, the signal to the 
filter is muted by ~20 cB. 


Adding the Tone Ringer 

The MC34017 tone ringer circuit, shown in Figure 11, 
is simply connected directly across Tip and Ring. It is not 
necessary to disconnect the tone ringer when off-hook. 
This circuit will provide a ringer with an REN of ~0.5, and 
meet all the EIA-470-A and Bell system requirements for 
impedance, anti-bell tapping and turn-on/off thresholds. 


Finally, the Complete Circuit 

The complete line-powered featurephone is shown in 
Figure 12. Some notes concerning this circuit: 

a) The resistor and capacitor (R6/C5 shown in Figure 
1) between MCO and TXI of the MC34114 was replaced 
with the network of Figure 12 to provide high frequency 
roll off. 

b) The 13 © resistor normally spec’d for R3 of the 
MC34114 (and shown in Figure 5) was increased to 18 
to decrease the point at which line length compensation 
begins. . 

c) A 470 pF capacitor was added across the 18 2D resis- 
tor to suppress interaction which occurs between the line 
length compensation function of the MC34114 and the 
AGC function of the MC34118. 

d) The dc resistance of the 1 Henry inductor must be 
kept below 50 2 to keep the dc voltage at Tip and Ring 
and at the MC34114’s Vcc pin within safe bounds at both 
low and high loop current values. 


The performance curves for this circuit are shown in 
Figures 13-18. The ‘Speaker Amp Max Output Swing” 
is the maximum rms voltage available at the speaker 
terminals. The transmit gain tests involved replacing 
each microphone with a signal generator and adjusting 
for a level of approximately —11 dBm at Tip and Ring 
into a 600 1) resistive load. The receive tests involve 
applying approximately —27 dB to Tip and Ring, and 
measuring the gain to the receiver or speaker. 

As can be seen in Figure 14, the maximum available 
speaker power is a function of the loop current since all 
of the speaker current must come from the loop. Con- 
sequently, the receive gain for the speakerphone (Figure 
17) shows a marked decrease at low loop currents. It must 
be remembered that in a line powered speakerphone, as 
the speaker draws current in response to a receive signal, 
the voltage at Tip and Ring decreases quickly. As the Vcc 
at. the _MC34119 falls with the Tip and Ring voltage, the 
speaker amp’s output capability is reduced. Conse- 
quently, a 25 1 speaker is recommended for a line pow- 
ered speakerphone as this makes the best use of the 
power available from the phone line. A lower impedance 
speaker will require more current, causing V+ to sag 
further for a given signal level. A higher impedance 
speaker draws less current, but produces less sound 
power. 

Additionally, the following muting specs apply: 

1) Handset microphone: >70 dB while dialing, or 
when Mike mute switch is closed. 80 dB in speaker- 
phone mode. 

2) Speakerphone microphone: >90 dB while dialing, 
in the handset mode, or when the Mike mute switch 
is closed. 

3) Handset receiver: ~17 dB while dialing, or when in 
the speakerphone mode. 

4) Speaker: ~20 dB while dialing, >100 dB when in 
handset mode. 
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Figure 12. Pulse/Tone Featurephone w/Memory — Line Powered 
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Figure 13. Tip to Ring DC Voltage versus Loop Current 
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Figure 15. Transmit Gain versus Loop Current 
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Figure 17. Receive Gain versus Loop Current 
and Input Signal 
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Figure 14. Speaker Amplifier Output and DTMF Level 
versus Loop Current 
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Figure 16. Transmit Gain versus Frequency 
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Figure 18. Receive Gain versus Frequency 
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BOOSTING THE SPEAKERPHONE AT: 
LOW LOOP CURRENTS 


Adding a Booster 

To improve the performance of the speakerphone at 
low loop currents (below 40 mA), a minimal cost 
approach is to add an optional booster to the power 
supply portion of the: MC34119. The approach in this 
application note is to use a wall mount transformer, 
similar to calculator chargers. A6 volt ac Adapter, Radio 
Shack model #273-1454A, which contains the diode 
bridge and filter capacitor, was used to minimize the 
additional circuitry within the speakerphone itself. 
Since this particular ac adapter is specified for use with 
Radio Shack’s speakerphones, it is this author’s 
assumption that it complies with applicable FCC spec- 
ifications, although that is not so stated on the 
transformer. . | 
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Figure 19. Adding a Speakerphone Booster 


This application does not require a regulated voltage 
from the ac adapter, which further simplifies the design. 
The circuit of Figure 19 adds the ac adapter to the circuit 
of Figure 12. 


The power supply connector is added to the MC34119 
Vcc pin, and diode connected to the system’s 5.1 volt 
zener diode of Figure 12. Pin 3 of the MC34119, which 
previously had been connected to the VB bias line of the 
MC34118, now is biased from an internal circuit. The 1 uF 
capacitors on pins 2 and 3 provide power supply noise 
and ripple rejection. | 

On long lines, where the system Vcc tends to sag easily 
in the presence of receive signals, the booster provides 
the current to the speaker amplifier. The system Vcc, in 
turn, does not sag, but remains at a stable and consistent 
level over all values of loop current. 

Without the adapter plugged in, the circuit will act sim- 
ilar to that of Figure 12. In the handset mode, the circuit 
characteristics are the same as that of Figure 12 when it 
is in the handset mode. 


The Complete Circuit with the Booster 

The complete circuit is shown in Figure 20. A quick 
comparison shows it is identical to that of Figure 12, 
except for the booster section in the lower left hand 
corner. The performance curves for this circuit are 
shown in Figures 21-26. As can be seen in Figures 22, 
23 and 25, the speakerphone’s performance does not 
degrade below 40 mA as had happened in Figures 14, 
15 and 17. The muting specs for this circuit are the same 
as for Figure 12. 

The current required from the booster varies from 
=3 mA (no receive signal) to ~120 mA with a — 15 dBm 
signal at Tip and Ring. 
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Figure 20. Pulse/Tone Featurephone w/Memory — Line Powered w/Booster 
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Figure 21. Tip to Ring DC Voltage versus Loop Current 
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_ Figure 23. Transmit Gain versus Loop Current 


f= 1 kHz, GAIN IS FROM TIPIRING TO RECV'RISPKR Fee callen call 
real ee as ed |e ee Ae | 
PS gexec | 


11 


-13 eS es 
figs cnet fear 


Figure 25. Receive Gain versus Loop Current 
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Figure 22. Speaker Amplifier Output and DTMF Level 
versus Loop Current 
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Figure 24. Transmit Gain versus Frequency 
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Figure 26. Receive Gain versus Frequency 
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USING A POWER SUPPLY INSTEAD OF 
LINE POWER 


Using A Transformer 

For those cases where it is desirable to power the fea- 
turephone from a regulated power supply, rather than 
from loop current, a transformer is required at Tip and 
Ring to provide the isolation needed between the phone 
line and any ac power and earth ground. The primary 
change to the circuit of Figure 12 is in the area of the Tip 
and Ring interface, as shown in Figure 27. li must be 
remembered that loop length compensation is not pos- 
sible in this circuit since the loop current is not monitored. 
The MC34114’s RAGC pin is grounded in this circuit, set- 
ting the transmit and receive gains to maximum. 


2 
el: +6V 
TO MC34114 


Vcc (PIN 1) 


TO MC34118 1N4742 
AND MC34119 12V 
Vcc PINS 


Figure 27. Tip/Ring Interface with a Power Supply 


The +6 volt supply powers the MC34114 through the 
transformer winding. In this manner the speech signals 
are coupled between the MC34114 and Tip and Ring. 
The two diodes provide transient clamping, as does the 
12 volt zener diode. The MC34118 and MC34119 are 
powered directly from the +6 volt supply, eliminating 
the need for the 1H choke. The SS switch (speakerphone 
on/off) requires one more pole, as shown in Figure 27. 
The tolerance on the +6 volt supply is +0.5 volt. 


Changes in the Switching and the Dialer 

The use of a power supply simplifies the selection of 
handset versus speakerphone mode of operation. The 
diversion of the excess loop current is not an issue in this 
circuit, so the switching of that current is eliminated, 
along with 5.1 volt zener diode. 

Because of the isolation requirement, the MC145412 
dialer requires a relay to break the loop current during 
pulse dialing. Figure 28 depicts this circuit. 

The relay is normally :off, and energized only for the 
pulse dialing function. The 1 «F capacitor (rated 250 volts 
min., NPO) helps absorb the transients generated during 
pulse dialing. 


TO MC34114 
Voc (PIN 1) 


Figure 28. Pulse Dialer Circuit 


The Complete Circuit with the Power Supply 

The complete circuit is shown in Figure 29. The per- 
formance curves are shown in Figures 30-35. The Tip to 
Ring dc voltage (Figure 30), determined solely by the dc 
resistance of the transformer winding, is somewhat lower 
than in the previous circuits at low loop currents. Figures 
31, 32, and 34 show the performance is fairly constant 
with loop current, except for a slight reduction in gain at 
the higher currents. This is due to the characteristics of 
the transformer used in developing this circuit (model 
#TTPC-13 from Stancor, Inc.). Also noticeable in the 
curves, compared to Figures 13-18 and 21-26, is the lack 
of loop length compensation — a natural consequence 
of this type of circuit. 

The muting specifications for this circuit are the same 
as for the line powered circuit. The current required from 
the +6 volt power supply is as follows: 

a) Handset mode: ~13 mA. 

b) Speakerphone mode (no sound at the speaker): 

=24 mA. 

c) Speakerphone mode (max. volume at the speaker): 

=144 mA. 

Aithough Figure 29 indicates the use of a 25 ohm 
speaker, any impedance speaker within the range of 8 to 
50 2 can be used, since this circuit is not line powered. 
The receive gain may have to be adjusted, however, if a 
different speaker is used. 
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Figure 29. Pulse/Tone Featurephone w/Memory — Powered From a Power Supply 
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Figure 30. Tip to Ring DC Voltage versus Loop Current Figure 31. Speaker Amplifier Output and DTMF Level 
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Figure 32. Transmit Gain versus Loop Current Figure 33. Transmit Gain versus Frequency 
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CONSTRUCTION HINTS - 


Board Layout 

The filter capacitor for the speakerphone IC and for the 
speaker amp (typically 100 wF and 1000 uF respectively) 
must be physically adjacent to the ICs, within 1”. This is 
particularly important in the line-powered versions, 


where Vcc can vary with the speech intensity. Since most — 


of the current is used in the speaker amplifier, the PC 
board track leading to Pin 6 of the MC34119 should be 
laid out with care, preferably close to the zener diode, or 
the power supply connector. The ground tracks should 
be as wide as possible, and laid out with care. 


EMI Susceptibility 

Potential EMI susceptibility problems should be 
addressed early in the electrical and mechanical design 
of the speakerphone. EMI may enter the circuit through 
Tip and Ring, through the microphone wiring to the 
amplifiers, or through any of the PC board traces. The 
most sensitive pins on the MC34118 are the inputs to the 
level detectors (RLI1, RLI2, TLI1, and TLI2) since, when 
there is no speech present, the inputs are high impedance 
and these op amps are in a near open loop condition. 
These board traces should be kept short, and the resistor 
and capacitor for each input should be physically close 
to the pins. Other high impedance input pins (MCI, VLC, 
HTI, Fl) should be considered sensitive to EMI signals. 

The microphone wires within the handset cord can act 
as an antenna, and pick up nearby radio stations. If this 
is a problem in the final design, adding RF filters (con- 
sisting of ferrite beads and small (0.001 uF) ceramic 
Capacitors) to the PC board where the wires attach to the 
board can generally reduce the problem. 


Acoustics 

a) In the design of any speakerphone, acoustics are 
extremely important, and must be considered from the 
very beginning. Building a breadboard with the micro- 
phone and speaker “hanging out in mid air” simply will 
not work!!! One of the most common problems in a 
speakerphone design is acoustic feedback (the speaker 
is closely coupled to the microphone) which results either 
in oscillations (2-10 kHz) or ‘‘motor-boating’”’ (1-10 Hz 
switching). A properly designed enclosure for the fin- 
ished product should provide at least 50 dB of acoustic 
loss (speaker drive voltage to microphone output volt- 
age). The physical location of the microphone, along with 
its characteristics, will play a large role in the quality of 
the transmitted sound. The microphone and speaker ven- 
dors can usually provide additional information on the 
use of their products. 

b) The quality of the apeaker and the acoustic cavity 
in which it resides, have a major impact on the quality 
of the sound. A little time spent here can go a long way 
towards improving the sound of the finished speaker- 
phone. As a general rule, good electronics cannot com- 
pensate for poor acoustics and/or low speaker quality. 


In the Final Analysis... 

In the final analysis, the circuits shown in this appli- 
cation note will have to be “fined tuned” to match the 
acoustics of the enclosure, and the specific microphone 


and speaker selected. The component values shown in 
this application note should be considered as starting 
points only. The gains of the transmit and receive paths 
are easily adjusted at key points in the circuits (see appro- 
priate text). The switching response of the speakerphone 
can then be fine tuned by varying (in small steps) the 
components at the level detector inputs until satisfactory 
operation is obtained for both long and short lines. The 
references can be consulted for additional speakerphone 
design theory. 


GLOSSARY 


Attenuation — A decrease in magnitude of a commu- 
nication signal, usually expressed in dB. 


Bandwidth — The range of information carrying fre- 
quencies of a communication system. 


C-Message Filter —- A frequency weighting which eval- 
uates the effects of noise on a typical subscriber's system. 


Central Office — Abbreviated CO, it is a main telephone 
office, usually within a few miles of its subscribers, that 
houses switching gear for interconnection within its 
exchange area, and to the rest of the telephone system. 
A typical CO can handle up to 10,000 subscriber numbers. 


dB — A power or voltage measurement unit, referred to 
another power or voltage. It is generally computed as: 
10 x log (P4/P2) for power measurements, and 
20 x log (V4/V2) for voltage measurements. 


dBm — An indication of signal power. 1 mW across 600 122, 
or 0.775 volts rms, is defined as 0 dBm. Any other voitage 
level is converted to dBm by: 

dBm = 20 x log (Vrms/0.775), or 

dBm = [20 x log (Vrms)] + 2.22. 


dBmp — Indicates dBm measurement using a psopho- 
metric weighting filter. 
dBrn — Indicates a dBm measurement relative to 1 pW 


power level into 600 2. Generally used for noise mea- 
surements, 0 dBrn —90 dBm. 


dBrnC — Indicates a dBrn measurement using a C- 
message weighting filter. 


dBrnC0O — Noise measured in dBrnC referred to zero 
transmission level. 


DTMF — Dual Tone Multi-Frequency. It is the ‘tone dial- 
ing’ system based on outputting two non-harmonic 
related frequencies simultaneously to identify the num- 
ber dialed. Eight frequencies have been assigned to the 
four rows and four columns of a typical keypad. 


Four Wire Circuit — The portion of a telephone, or central 
office, which operates on two pairs of wires. One pair is 
for the Transmit path (generally from the microphone), 
and one pair is for the Receive path (generally to the 
receiver). 2 

Full Duplex — A transmission system which permits com- 
munication in both directions simultaneously. The stan- 
dard handset telephone is full duplex. 
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Gain — The change in signal amplitude (increase or 
decrease) after passing through an amplifier, or other 
circuit stage. Usually expressed in dB, an increase is a 
positive number, and a decrease is a negative number. 


Half Duplex — A transmission system which permits 
communication in one direction at a time. CB radios, with 
“‘push-to-talk’’ switches, and voice activated speaker- 
phones, are half duplex. 


Hookswitch — A switch which connects the telephone 
circuit tc the subscriber loop. The name derives from old 
telephones where the switch was activated by lifting the 
receiver off and onto a hook on the side of the phone. 


Line Length Compensation — Also referred to as loop 
compensation, it involves changing the gain of the trans- 
mit and receive paths, within a telephone, to compensate 
for different signal levels at the end of different line 
lengths. A short line (close to the CO) will attenuate sig- 
nals less, and therefore less gain is needed. Compen- 
sation circuits generally use the loop current as an indi- 
cation of the line length. 


Loop — The loop formed by the two subcriber wires (Tip 
and Ring) connected to the telephone at one end, and 
the central office (or PBX) at the other end. Generally it 
is a floating system, not referred to ground, or ac power. 


Loop Current — The dc current which flows through the 
subscriber loop. Typically provided by the central office 
or PBX, it ranges from 20 to 120 mA. 


Off Hook — The condition when the telephone is con- 
nected to the phone system, permitting the loop current 
to flow. The central office detects the dc current as an 
indication that the phone is busy. 


On Hook — The condition when the telephone is discon- 
nected from the phone system, and no dc loop current 
flows. The central office regards an on-hook phone as 
available for ringing. 


PABX — Private Automatic Branch Exchange. In effect, a 
miniature central office, it is a customer owned switching 
system servicing the phones within a facility, such as an 
office building. A portion of the PABX connects to the 
Bell (or other local) telephone system. 


Pulse Dialing — A dialing system whereby the loop 
current is interrupted a number of times in quick 
succession. The number of interruptions corresponds 
to the number dialed, and the interruption rate is typ- 
ically 10 times per second. The old rotary phones, and 
many new pushbutton phones, use pulse dialing. 


REN — Ringer Equivalence Number. An indication of the 
impedance, or loading factor, of a telephone bell or ringer 
circuit. An REN of 1 equals ~8 k ohms. The Bell system 
typically permits a maximum of 5 REN (1.6 kQ) on an 
individual subscriber line. A minimum REN of 0.2 (40 kQ) 
is required by the Bell system. 


Ring — One of the two wires connecting the central office 
to a telephone. The name derives from the ring portion 
of the plugs used by operators (in older equipment) to 
make the connection. Ring is traditionally negative with 
respect to Tip. 


Sidetone — The sound fed back to the receiver as a result 
of speaking into the microphone. It is a natural conse- 
quence of the 2-to-4 wire conversion system. Sidetone 
was recognized by Alexander Graham Bell as necessary 
for a person to be able to speak properly while using a 
handset. 


Speech Network — A circuit which provides 2-to-4 wire 
conversion, i.e. connects the microphone and receiver 
(or the transmit and receive paths) to the Tip and Ring 
phone lines. Additionally it provides sidetone control, 
and in many cases, the dc loop current interface. 


Subscriber Line — The system consisting of the user’s 
telephone, the interconnecting wires, and the central 
office equipment dedicated to that subscriber (also 
referred to as a loop). . 


Tip — One of the two wires connecting to the central 
office to a telephone. The name derives from the tip of 
the plugs used by operators (in older equipment) to make 
the connection. Tip is traditionally positive with respect 
to Ring. 

Tone Ringer — The modern solid state equivalent of the 
old electromechanical bell. It provides the sound when 
the central office alerts the subscriber that someone is 
calling. Ringing voltage is typically 80-90 Vrms, 20 Hz. 


Two-Wire Circuit — Refers to the two wires connecting 
the central office to the subscriber’s telephone. Com- 
monly referred to as Tip and Ring, the two wires carry 
both'transmit and receive signals in a differential manner. 


Voiceband — That portion of the audio frequency range 
used for transmission across the telephone system. Typ- 
ically it is 300-3400 Hz. 
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Microphones 
“Primo Microphones Inc. 
Bensenville, Ill. 60106 
312-595-1022 
Model EM-60 


SUGGESTED VENDORS 


Hosiden America Corp. 


_ Elk Grove Village, Ill. 60007 


312-981-1144 


~ Model KUC2123 


25 Q Speakers 
Panasonic Industrial Co. 
Seacaucus, N.J. 07094 
201-348-5233 

' Model EAS-45P19S 


Telecom Transformers 
Microtran Co., Inc. . 
Valley Stream, N.Y. 11528 
516-561-6050 
Ask for Applications 
Bulletin F232 


PREM Magnetics, Inc. . 
McHenry, III. 60050 
815-385-2700 


MURA Corp. 
Westbury, N.Y. 11590 
516-935-3640 

Model EC-983-7 


Stancor Products 
Logansport, IN 46947 
219-722-2244 


Onan Power/Electronics 
Minneapolis, MN 55437 
612-921-5600 


Motorola Inc. does not endorse or warrant the 
suppliers referenced. 


Compliance with FCC or other regulatory agencies of 
the circuits described herein is not implied or 
. guaranteed by Motorola Inc. . 
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Linearize the Volume Control 
of the MC34118 Speakerphone 


Prepared by 
Dennis Morgan 
Bipolar Analog IC Division 


The volume control level of the MC34118 speaker- 
phone IC has a nonlinear relationship with respect to the 
position of the volume control potentiometer, evident in 
Figure 14 of the data sheet. Since the input impedance 
at VLC (Pin 13) is very high, the horizontal axis in the 
graph of Figure 14 can be said to represent the poten- 
tiometer’s mechanical position (using a linear taper 
potentiometer), with the two extreme ends of the poten- 
tiometer’s position at 0.3 and 1.0. As can be seen, the 
gain changes at a slow rate when near maximum volume, 
but changes rapidly when near the minimum volume 
setting. 


Figure 1. 


By changing the potentiometer/resistor circuit to that 
shown in Figure 1 (below), the volume control relation- 
ship is linearized to an almost perfect straight line (the 
values were selected to maintain [VLC = 0.3 x VB] at 
minimum volume). The result is shown in Figure 2 
(below), with the only nonlinearity near the maximum 
volume end (the vertical axis is the gain of the receive 
attenuator). The circuit requires the addition of only one 
resistor. The potentiometer can be rotary, or a linear 
movement type, as long as it has a linear taper. 


Figure 2. 


GAIN (dB) 


PERCENT OF POTENTIOMETER’S ROTATION 


Thanks to Alan Long (Motorola, Toulouse) for this circuit idea. 
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Telecommunication Applications 
Austin, Texas 


THE APPLICATION OF A TELEPHONE TONE RINGER AS A RING DETECTOR — 


Telephone ringers are driven by high voltage, low frequen- drives the LED of an optocoupler. A 1 pF capacitor filters 


cy ac signals which are superimposed on the 48 volt dc tip- . the transistor output of the optocoupler, creating a solid 
ring feed voltage. An electronic ring detector must sense the logic 0 when a ring signal is present. Figure 1 depicts the 
presence of an ac signal on the line and produce a dielec- schematic of the ring detector. The peripheral components 
trically isolated logic level to the system processor. To isolate around the MC34012 set trigger levels and the ringing im- 
the line from the system, an on-chip piezoelectric driver pedance signature for FCC Part 68 compliance. 


0.47 pF 
Tip »—____| % 
5V 
250 V 
Non-Polar 
Ring 100 k 


To 
Microprocessor 


4N26 
Optocoupler 


FIGURE 1 — Ring Detector Schematic 
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LSI for 
Telecommunications 


a one-chip telephone 


W. DAVID PACE 
Motorola, Inc. 
Tempe, Arizona 


In recent years, a number of inte- 
grated circuits — such as DTMF 
dialers, speech networks, and tone 
ringers — have been developed for 
telephone applications. These prod- 
ucts have replaced electromagnetic 
elements of the telephone because of 
performance and cost improvements 
achievable with integrated systems. 
In addition, the use of integrated cir- 
cuits in telephones provides consid- 
erable freedom in the external de- 
sign of telephone sets from both the 
practical and aesthetic points of 
view. 

With these objectives in mind, a 
single-chip telephone circuit has 
been developed. The MC34010 Elec- 
tronic Telephone Circuit (ETC) pro- 
vides all the functions of a standard 
tone-dialing telephone. In addition, 
a microprocessor interface port fa- 
cilitates automatic dialing features. 
An important characteristic of the 
ETC is its ability to operate with in- 
stantaneous input voltages as low 


CERAMIC 
RESONATOR | I 


ELECTRET = 


MICROPHONE 


as 1.4 V. Low-voltage operation is a 
key requirement in North American 
telephone networks, where parallel 
connections are common. 


FUNCTIONAL BLOCKS OF 
THE MC34010 ETC 


Figure 1 shows the elements of 


the ETC: 


e Line Voltage Regulator: pro- 
vides the dc termination of the sub- 
scriber loop and a bias voltage for 
the DTMF dialer and speech network. 
e DTMF Dialer: generates the ap- 
propriate dual-tone multi-frequency 
(DTMF) signals for dialing. 

e MPU Interface: allows the 
DTMF generator to be controlled by 
a separate microprocessor, which 
may be programmed to provide au- 
tomatic dialing features. 

e Speech Network: provides the 
two-wire to four-wire interface be- 
tween the telephone line and the 


HOOK SWITCH 


Fig. 1 Major elements of the MC34010 ETC. 


receiver and microphone of the 
handset. 

e Tone Ringer: converts the ac 
ringing signals from the exchange 
into a warbled tone emitted through 
a piezo sound element. 


Line Voltage Regulator 

The line voltage regulator pro- 
vides a regulated bias voltage at the 
VR terminal of 1.1 V to other sec- 
tions of the ETC. The low saturation 


‘voltage of an external PNP pass 


transistor allows the line input volt- 
age to fall within 300m V of VR volt- 
age without clipping signals on the 
line. Thus, the DTMF and speech 
circuits maintain specified perfor- 
mance with instantaneous line volt- 
ages as low as 1.4 V. 

The circuit associated with the LR 
terminal determines the dc resis- 
tance of the telephone. At low line 
voltages (corresponding to opera- 
tion in parallel with nonelectronic 
telephones), the ETC draws only 5 
mA of bias current for the speech 
network and keypad interface cir- 
cuits. When the V+ terminal voltage 
exceeds 3 V, excess line current 
flows through an external resistor 
at terminal LR. The 3-kV level shift 
from V+ to LR prevents saturation 
of the dc termination circuit with 
signals up to 2 V peak (+5 dBm) on 
the line. 

An internal constant current sink 
nominally equal to the bias current 
of the DTMF dialer also flows 
through the dc termination circuit. 
When the DTMF dialer is activated, 
this current sink is disabled to re- 
duce the line current transient and 
dialer clicks. 


DTMF Dialer 

Inexpensive telephone keypads 
have switches of the single pole/ 
single throw (SPST) type that con- 
nect the row and column terminals 
corresponding to the selected digit. 
A keypad interface circuit within 
the ETC, consisting of input resis- 
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tors, comparators, and decoding 
logic, activates the DTMF tone gen- 
erators whenever two keypad input 
terminals are connected. 


When the keypad interface acti- | 


vates the DTMF generator, it also pro- 
duces a mute signal for the speech 
network. This mute signal disables 
the transmit amplifier and reduces 
the DTMF sidetone in the receiver. 
Muting the receiver also suppresses 
clicks associated with DTMF turn- 
on and turn-off transients. 

The row and column tone genera- 
tors include a programmable coun- 
ter, an encoder, and a digital-to- 
analog (D/A) converter. The output 
of the D/A converter is a stair-step 
approximation of a sine wave with 
16-step intervals per period. Fourier 
analysis of such a waveform reveals 
that the time intervals correspond- 
ing to the positive and negative 
peaks (first and ninth intervals) can 
be shortened or lengthened with lit- 
tle impact on distortion. By modify- 
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Fig. 3 The MPU interface circuit. 
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Fig. 2 The DTMF frequency synthesis technique. 


ing the division ratio of the pro- 
grammable counter during these 
peak intervals, output frequency er- 
rors are reduced. The periods of the 
DTMF tones are adjusted to the de- 
sired value within the resolution af- 
forded by the 500-kHz oscillator 
frequency. aol 

‘Figure 2 depicts the implementa- 
tion of this error reduction tech- 
nique. The programmable counter 
divides the 500-kHz clock frequency 
by a number N that is loaded by the 
control logic at the beginning of 
each step. The output frequency of 
the programmable counter is fur- 
ther divided by the 4-bit interval 
counter. It is this counter which dis- 
tinguishes the 16 waveform inter- 
vals. The output of the 4-bit counter 
drives the D/A converter through 


an encoder (not shown in Figure 2 
for simplicity). 

Consider, for example, the genera- 
tion of the 697-Hz Row 1 tone. For 14 
of the 16 waveform intervals the 
control logic loads the program- 
mable counter with a divisor of 45. 
For the first andthe ninth intervals, 
however, feedback from the 4-bit in- 
terval counter causes the control 
logic to program the counter to di- 
vide by 44. This combination of div- 
isors reduces the 500-kHz clock fre- 
quency to 11.14 kHz at the output of 
the programmable counter. The in- 
terval counter divides this signal by 
16, producing a 696.4-Hz Row 1 tone. 

The desired frequency of 697 Hz, 
therefore, is synthesized with an er- 
ror of only 0.09 percent. 


Other DTMF tones are generated 


by loading the programmable count- 
ers with appropriate pairs of div- 
isors. The worst-case frequency-divi- 
sion error for the eight dialing tones 
is 0.16 percent. Reducing the divider 
errors permits an inexpensive 500- 
kHz ceramic resonator to be used for 
DTMF clock generation instead of a 
more precise quartz crystal. In addi- 
tion, the lower clock frequency al- 
lows the counter to be fabricated in a 
linear-compatible integrated injec- 
tion logic (I?L) technology which 
enhances the performance of the 
analog sections of the ETC. 

The outputs of the row and col- 
umn D/A converters are summed in 
the proper proportion (with a 2-dB 
twist) and amplified to drive the 
telephone line. The amplitude of the 
line’s signal is determined by an ex- 
ternal resistor. Feedback around the 
DTMF output amplifier reduces the 
dialing-mode output impedance to 2 
kQ to satisfy return-loss specifi- 
cations. 


MPU Interface 


The MPU interface permits com- 
munication between the telephone 
keypad, the DTMF dialer, and a mi- 
croprocessor. Through this port, 
telephone numbers may be stored in. 
the microprocessor and. later re- 
trieved for automatic dialing. Fig- 
ure 3 shows the major blocks of the 
MPU interface section and the con- 
nections between the keypad, DTMF 
dialer, and microprocessor. 

Each button of a 12- or 16-number 
keypad is represented by a 4-bit 
code. This same code contrels the » 


programmable counters to generate 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


3-138 


ARTICLE 4 


TELEPHONE 
LINE 


,; SIDETONE 
,; INVERTER 


| RECEIVER 
|AMPLIFIER 


TRANSMIT ! 
AMPLIFIER } 


eam | 


‘TELEPHONE! 
HANDSET 


Fig. 4 Speech network block diagram. 


the appropriate row and column 
tones. Binary words corresponding 
to keypad digits are transmitted 
serially to or from the microproces- 
sor via the 4-bit shift register. The 
direction of data flow is determined 
by the state of the DD terminal 
input. 

In the manual dialing mode, DD is 
a logic ‘‘0”; the 4-bit code from the 
keypad is fed to the DTMF genera- 
tor and also loaded into the shift reg- 
ister. The microprocessor-controlled 
clock shifts the data through the 
I/O terminal on negative clock 
transitions. The shift register load- 
enable circuit cycles the register be- 
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tween the load and shift modes such 
that multiple read cycles may be 
provided to the microprocessor for a 
single key closure. Six complete 
clock cycles will output a 4-bit word 
from the ETC and reload the shift 
register for a second look. 

In the automatic dialing mode, 
DD is a logic “1” and a 4-bit code is 
entered from the microprocessor 
into the ETC. The shift register load- 
enable circuit is disabled in this 
mode. Only four clock cycles are re- 
quired to transfer a digit to be dialed 
into the ETC. A logic “1”? on the TO 
terminal disables the DTMF output 
until valid data from the micro- 


HRESHOLD 
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Fig. 5 Tone ringer block diagram. 


processor is in place. Subsequently, 
TO is switched to a logic “0” to gen- 
erate a DTMF tone pair on the line. 

An exclusive OR circuit in the 
keypad interface logic determines if 
more than one key is depressed. 
Single tones may be initiated by de- 
pressing two keysin the same row or 
column. The exclusive OR circuit 
also generates the DP and MLS out- 
put signals. DP indicates when one 
and only one key is depressed, there- 
by signaling the microprocessor that 
valid data are available. MS indi- 
cates when the DTMF generator is 
enabled and the speech network is 
muted. 


Speech Network 


The speech network illustrated in 
Figure 4 provides the two- to four- 
wire interface between the telephone 
line and the transmit and receive 
transducers. The key feature of this 
circuit is its ability to operate with 
instantaneous line voltages as low 
as 1.4 V. Satisfactory operation has 
been demonstrated in parallel with 
a carbon microphone telephone for 
loop resistances of up to 2200 Q. This 
corresponds to 27,000 ft of 26 AWG 
cable between the subscriber term1- 
nal and the local exchange. 

An electret microphone biased by 
the VRregulator drives the transmit 
amplifier. The microphone is muted 
internally by the dialer during 
DTMF signaling and may be muted 
by the control signal on the MM 
terminal. 

For very loud talkers, the peak lim- 
iter reduces the transmit amplifier 
input level to maintain low harmon- 
ic distortion. Transmit gain control 
is achieved by varying the satura- 
tion resistance of the transistor 
which drives the TXLterminal. This 
transistor operates as a variable re- 
sistance because its collector term1- 
nal is unbiased. The peak limiter 
circuit determines when the trans- 
mit amplifier output approaches the 
clipping level and drives the trans- 
istor at TXL to attenuate the ampli- 
fier input. The peak limiter typically 
provides 30-dB additional dynamic 
range with approximately 1 percent 
total distortion. 

As shown in Figure 4, the trans- 
mit amplifier output signal is in- 
verted at the STA terminal to pro- 
vide sidetone cancellation at the re- 
ceiver. The signals from the tele- 
phone line and the STA terminal are 
summed at the input at the receive 
amplifier. When transmitting, these 
signals are nominally 180° out of 
phase and the proper choice of ex- 
ternal components will nullify the 
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transmitted signal in the receiver. In 
practice, phase shift from the trans- 
mit amplifier output to the line due 
to reactive line impedances limits 
the degree of sidetone cancellation 
achieved. 

The receive amplifier output pro- 
duces a signal current in the receive 
transducer that also flows through 
the VR regulator to the telephone 
line. This ac current determines the 
impedance of the telephone at the 
interface with the line. The input 
impedance is set by the proper 
choice of receive amplifier gain and 
receiver impedance. A 300-0 re- 
ceiver driven with a gain of one-half 
results in a 600-Q input impedance 
and satisfactory receive sensitivity. 


Tone Ringer 


The tone ringer responds to large 
signal ac input voltages with a 


warbled two-tone output signal which 
may drive a piezo transducer or 
speaker. This warbled tone is pro- 
duced by dividing the tone ringer os- 
cillator frequency alternately by 8 or 


10 as shown in Figure 5. The warble. 


rate is the oscillator frequency di- 
vided by 640. In a typical applica- 
tion, an 8-kHz oscillator produces 
800-Hz and 1000-Hz tones warbling 
at 12.5 Hz. 

The tone ringer output is enabled 
by the threshold detector when a 
ringing signal greater than 35 Vrms 
is applied at tip and ring. The ring- 
ing signal level is measured by mon- 
itoring the voltage across the exter- 
nal resistor at the TRI terminal. 
When the average voltage across 
this resistor exceeds a threshold lev- 
el, the output buffer commences 
driving the piezo element at the 
TRO terminal. The additional cur- 


rent drawn from the lineto drive the 
piezo also flows through the exter- 
nal resistor at TRI. Therefore, the 
voltage across this resistor increases 
when the output is enabled. Increas- 
ing the voltage applied to the thresh- 
old detector creates hysteresis be 
tween the turn-on and turn-off levels 
that ensures clean on/off transitions. 


DESCRIPTION 

The MC34010 ETC incorporates 
300 bipolar transistors and 520 I’L 
gates on a 125x 146 mil die. The chip 
is fabricated using a two-layer met- 
al, Linear/I*L process and pack- 
aged in a 40-pin plastic package. 
Combining a dialer, speech network, 
and toné ringer on a single chip rep- 
resents a major step forward in the 
modernization and cost reduction of 
analog telephones. 0 


Reprinted from Telecommunications Magazine, April 1984, Volume 18, Number 4, with permission from the publisher, 
Horizon House-Microwave Inc., Dedham, Mass. 
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Limited Distance Modem 


Using the 


Universal Digital Loop Transceiver Chip Family 


OVERVIEW 


The introduction of the Universal Digital Loop Transceiver 
(UDLT) family of integrated circuits aids the design of a high 
speed Limited Distance Modem (LDM). With an external clock, 
the LDM will transmit asynchronous data at rates up to 80 
kbps. As shown here with an internal clock, the LDM can send 
as much as 38.4 kbps of asynchronous full duplex data up to 
two kilometers on 26 AWG twisted pair wire. The data 
transfer is controlled by the following RS-232C handshake 
signals: Request to Send (RTS), Clear to Send (CTS), Data Set 
Ready (DSR) and Carrier Detect (CD). If the data link is 
operating, CTS goes active in response to RTS going active. 
DSR is active if the LDM is powered up. If synchronization is 
lost, the CD signal goes inactive. Figure 1 shows a block 
diagram of the LDM. Figure 10 is a photostat of the LDM 
Demonstration Board - front, and Figure 11 is a photostat of 
the LDM Demonstration Board - back. Table 1 is a parts list for 
the slave and master LDM. 


UNIVERSAL DIGITAL LOOP TRANSCEIVER 


The heart of the LDM is the UDLT master/slave chip set. 
This chip set transmits data at a 256 kbps burst rate using a 
“ping pong’ approach. As shown in Figure 2, a Modified 


Voo 


300 


MC145406 MC 145422 


Differential Phase Shift Keyed (MDPSK) data burst is trans- 
mitted from the master to the slave. Then after a slight delay, a 
burst is transmitted from the slave to the master. Since an 
eight kHz clock is typically applied to the Master Sync Input 
(MSI) pin, and ten bits are sent to the master and the slave 
every MSI period (every 125 ys), the transceiver is effectively 
transmitting 80 kbps of full duplex synchronous data. 

The burst’s ten bits of digital data are input on three 
different pins of the UDLT master. The first eight bits are 
serially received from the Receive Data Input (Rx) pin. The 
ninth bit is from the Signaling Bit Input (S11) and the tenth bit 
is from the SI2 pin. These ten bits are formatted together and 
shipped out from the chip on the LO1 and the LO2 pins (Line 
Driver Outputs). After being transmitted across the line and 
received on the LI pin of the slave UDLT, eight bits of data are 
serially output through the slave’s Transmit Data Output (Tx) 
pin, one bit on the SO1 and one bit on the SO2 (Signaling Bit 
Output). Then the slave UDLT sends a similar burst to the 
master UDLT. 


DLT VS. UDLT 


Since the MC145418/19 Digital Loop Transceiver (DLT) 
chip set is very similar to the UDLT, it is not difficult to adapt 
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Figure 1. Limited Distance Modem Block Diagram 
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_ Figure 2. 80 kbps MDPSK Timing Diagram 
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this LDM to use the DLT. There are three main differences 
between the UDLT and the DLT chips. The most important 
difference between the chips is that the UDLT automatically 
adjusts the thresholds on the receive circuitry. This allows the 
UDLT to optimize its reception to a particular line's attenuation 
level. The DLTs threshold is externally set , so typically this 
receive optimization will not be achieved, unless some rather 
complex circuitry is implemented. Also, the DLT requires 
external drivers and transmits square waves instead of 
triangular waves. In conclusion, the UDLT has on board driver 
and threshold adjust circuitry, but the DLTs basic approach 
allows driver and threshold design flexibility. 


SIGNALING PINS FOR RTS/CTS HANDSHAKE 


This LDM uses the SI1, SI2, SO1 and SO2 pins of the 
master and slave for a RTS/CTS handshake. To perform this 
task, the signaling channels are used for transmitting the 
RTS/CTS handshake. The input at SI1 of the master UDLT is 
the RTS signal. This information is transmitted to the SO1 of 
the slave UDLT chip. At this point, the signal is looped around 
into SI1 of the slave UDLT, and it is transmitted to SO1 of the 
master UDLT. This signal at SO1 is the master’s CTS signal. A 
similar configuration is used for the slave’s RTS/CTS hand- 
shake on the SI2/SO2 channel. This allows the RTS/CTS 
handshake to verify that the communication link is operating. 


DATA SET INTERFACE 


Since most data from a terminal is an asynchronous format, 
the Data Set Interface (DSI) is needed to convert data from an 


asynchronous to a synchronous format and vice versa. At TxD 
of the DSI, the asynchronous signal should begin with a start 
bit (logic 0). After following with an eight or nine bit data word, 
the format ends with one or more stop bits (logic 1). The rate 
that the data is loaded into the DSI is determined by the 
internal bit rate generator, whose rate, if 38.4 kbps or less, is 
selected by BR1, BR2 and BR3 (Baud Rate Select Pins). An 
external bit rate generator can be used for data rates higher 
than 38.4 kbps. 

Once in the DSI, the data is stripped of its start and stop bits 
and loaded in a register. Next, the data is checked for a break 
condition, and one of three types of words is sent, under the 
timing control of the DC, CM and DOE pins. If a break condition 
is recognized, the break flag (11111110) is transmitted. If data 
is in the register, it is dispatched. Finally, if no data is in the 
register, a synchronizing flag (01111110) is sent. However, 
regardless of data being in the transmit register, a synchron- 
izing flag is also transmitted on a regular basis to verify that 
synchronization is intact. Furthermore, the transmit circuitry 
inserts a binary O after five continuous 1's of data, so neither 
pattern, (11111110) or (01111110), can be sent as data. 

At DCI, DC, CM and DIE control the synchronous data’s 
receive loading into the DSI. Once loaded, the DSI's receiver 
determines if the data is break or synchronizing information. If 
it is a break or synchronizing flag, the appropriate action is 
taken. If it is not, the data is loaded into a receive register. 
From this register, data words are taken, start and stop bits are 
added and the asynchronous word is output on RxD (Receive 
Data) at the baud rate selected by BR1, BR2 and BR3. Figure 4 
is a block diagram of the DSI. 
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Figure 4. DSI Block Diagram 
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Figure 5. Master Limited Distance Modem 
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Figure 6. Slave Limited Distance Modem 


2 


SPENV 


ANS46 


RS-232C DRIVER/RECEIVER 


The last integrated circuit discussed is the RS-232C inter- 
face. Either the MC 145406 or the MC 1488/MC 1489 Driver/ 
Receiver, which both fulfill the electrical specifications of EIA 
Standard RS-232C and CCITT Recommendation V. 28, can be 
used. The receivers invert the signal and convert the RS-232 
signals to standard five volt logic levels, and the drivers invert 
the signal and convert five volt logic levels to RS-232 voltage 
levels. 

The MC 145406 is a CMOS RS-232 chip with three drivers 
and three receivers. This chip operates with a five volt supply 
and +5 to +12 volt supplies. Although the MC 145406 chip will 
work with +5 volt supplies in most systems, the voltage 
supplies should be at least +7 volts to meet the RS-232 driver 
specification. For full RS-232 compliance, the driver’s output 
must be between 5 volts and 15 volts for a logical O, and it 
must be between -5 volts to -15 volts for a logical 1. 

The MC1488 is a quad line driver. For the MC1488 to 
comply with the RS-232 driver requirements, a minimum 
power supply of +8 volts must be used. However, the chip will 
operate effectively in most systems with the positive supply 
voltage varying from +7 to +15 volts. The MC 1489 is a five volt 
quad line receiver. 


RS-232C CONTROL AND SIGNALS 


As seen in Figure 5, the master LDM schematic, and Figure 
6, the slave LDM schematic, asynchronous control and data 
signals enter the LDM at RS-232 voltage levels through a 
DB-25 connector. Figure 7 shows a DB-25 connector which is 
the standard computer terminal connector. Pins 2,3,4,5,6,7,8 
transmit the following information: 


Pin 2: Transmit Data (Tx) 

Pin 3: Receive Data (Rx) 
Pin 4: Request to Send (RTS) 
Pin 5: Clear to Send (CTS) 
Pin 6: Data Set Ready (DSR) 
Pin 7: Signal Ground (GND) 
Pin 8: Carrier Detect (CD) 


The Tx and RTS signals are fed into the receivers, and the Rx, 
CTS and CD signals are outputs of the driver. For the CD 
signal, one of the receivers inverts the signal from the RxS pin 
of the DSI. When the DSI is in asynchronous status, this 
inversion gives the CD a logic O. The output of that receiver is 
then put into a driver to obtain RS-232 voltage levels. The DSR 
pin is connected to the RS-232 positive power supply through 
a 300 ohm resistor. Therefore, DSR will go active whenever 
the power supply is on. The GND pin is connected to the 


system's ground. The remaining pins used of the DB-25 


connector are routed to the RS-232 Driver /Receiver. 


Figure 7. DB-25 Connector 


TRANSFORMER INTERFACE 


The transformer interface greatly affects the UDLTs capa- 
bilities. It performs the functions of impedance matching, 
bandwidth limiting, increasing receive voltages to required 
threshold levels and input protection. At 256 kHz, 26 AWG 
wire’s characteristic impedance is 110 ohms. The source 
resistors from the LO1 and LO2 pins are chosen to be 220 
ohms. With a transformer turns ratio of 2:1, the line side’s 
characteristic impedance is 110 ohms. This configuration 
impedance matches the twisted pair. 

The UDLTs minimum output voltage from the LO1 and the 
LO2 pins is 2.25 volts peak. Half of the voltage is lost across 
the 220 ohm source resistor. That voltage of 1.12 volt peak is 
halved again by the 2:1 turns ratio of the transformer to 0.56 
volts peak. At 256 kHz, 26 AWG wire attenuates a signal level 
of 18 decibels-per-kilometer. After traveling a distance of two 
kilometers the signal will have attenuated 36 decibels. At the 
line side of the transformer, the minimum signal level is 8.9 
millivolts peak. A turns ratio of 1:4 in the transformer 
windings brings the signal level up to 35.6 millivolt peak. This 
voltage is divided between a resistor from the transformer to 
the LI pin and an internal resistance. At worst case, 29 
millivolt peak are at the LI pin — within the 25 millivolts peak 
minimum allowed signal. 

The UDLTs maximum voltage output is 3.0 volts peak. 
Because of the voltage being halved by the source resistors 
and the transformer windings, the transmit signal level at the 
line side is 0.75 volt peak. With a short loop, the signal level 
drop is negligible, so the signal level at the receiving trans- 
former is about 0.75 volts peak. With the 1:4 turns ratio at the 
receiving transformer, the signal level at LI will be 3.0 volts 
peak, which exceeds the 2.5 volt peak maximum input at LI. A 
signal level greater than 2.5 volts peak will inject current into 
the UDLTs substrate. This action will distort the modulator’s 
output, thus creating bit errors. Consequently, protection 
diodes and resistors are needed to clamp the input at LI. The 
demonstration board's transformer configuration is shown in 
Figure 8. The LI pin’s protection includes a 1 kilohm resistor 
between the LI pin and the diodes. This resistor is not on the 
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Figure 8. Transformer Configuration Used in 
aa LDM Schematic 
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demonstration board. Typically, the external diodes will turn 
on before the chip’s internal diodes, so the external diodes will 
shunt most of the current. However, the 1 kilohm resistor will 
further ensure that the external diodes turn on first. 

The maximum power bandwidth of the UDLT is 8 to 512 
kHz, but to improve line settling, it is desirable to use a 20 to 
512 kHz bandwidth. To make the lower corner of the band- 
width 20 kHz, the inductance of the transformer windings is 
chosen to be 1.75 millihenries. To make the upper corner of 
the bandwidth 512 kHz, a 0.001 microfarad capacitor is piaced 
in parallel with the transmit tap. If battery feed is used, further 
input protection is advised. Figure 9 shows a more durable 
transformer configuration. Transformers fulfilling these speci- 
fication can be obtained from: 


Leonard Electric Products Company 
85 Industrial Drive 
Brownsville, Texas 78521 


Part Number: P/N P-1358-A 
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Vret C = 0.001 pF 


Figure 9. Battery Feed Transformer Configuration 


LDM BOARD OPTIONS 


A picture of the LDM demonstration board is shown in 
Figure 10 and 11. Many of the UDLT and DSI features are 
made available on the demonstration board using straps. 
These UDLT features include: 


LB: In the master, a low disconnects the LI pin from the 
internal circuitry, drives LO1, LO2 to Vref and internally ties 
the modulator to the demodulator. In the slave, alow onthe 
LB pin makes the incoming demodulated data going to Tx 
replace the incoming data on Rx. 


PD: A low powers down the UDLT, except for the receive 
Circuitry. 
‘The DSI features that can be controlled using the straps 
include: 


SB: A low selects outputting one stop bit per data word, and 
a high selects outputting two stop bits. 

DL: A low selects operating with eight bit data words, anda 
high selects operating with nine bit data words. 

Reset: A low clears the internal FIFO, disables TxD, and 
forces TxS and RxS low. 


BR1, BR2, BR3: These pins select the asynchronous data 
rate. 


For more information, refer to the individual data sheets. The 
top of the LDM board shows suggested straps for these 
functions. These straps select one stop bit, an eight data word, 
an inactive Reset, a 9600 baud asynchronous data rate, an 
inactive loop-back and an inactive power-down. 

For battery feed applications, C6 of the slave LDM and C7 of 
the master LDM can be inserted, and the trace between these 
pins should be broken. This capacitor allows ac signals to pass 
through the transformer, but keeps dc power across the 
capacitor to be fed into the system’s power supply. C3 of the 
slave LDM and C8 of master LDM provide filtering for the 
upper corner of the bandwidth. If this filtering is not desired, 
these capacitors may be omitted, but their insertion is 
recommended. 


CONNECTORS 


On the demonstration board, Vss and Vpp are only used to 
power the RS-232 circuitry. Vssg is the most negative power 
supply, and Vpp is the most positive power supply. The 
RS-232C Driver/Receiver section explains the appropriate 
voltage ranges for using either the MC145406 or the 
MC1488/MC1489. Vcc is the board's five volt supply, and 
GND is the board’s digital ground. Tip and Ring are the 
connections for the twisted pair wire. The 25 pins on the left 
side of both the slave and the master board is for the DB-25 
connector. a 
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NOTE: Drawings are not actual size. 


Figure 10. Photostat of LDM Demonstration Board - Front 
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NOTE: Drawings are not actual size. 


Figure 11. Photostat of LDM Demonstration Board - Back 
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Table 1. Limited Distance Modem Parts List 


Master LDM : Slave LDM 


R1: 10 MQ R4: 10 kN , R1: 10 MO R4: 10k 
R2: 2200 R5: 300 0 R2: 2200, — ~R5: 300 0 
R3: 2200 . R3.2200 

C1: 20 pF C8: 1000 pF < C1: 20 pF C7: 0.1 pF 
C2: 20 pF C9: 0.1 uF . : C2: 20 pF C8: 0.1 uF 
C3: 0.1 uF C10: 0.1 uF C3: 0.001 uF C9: 0.1 uF 
C4: 0.1 wF C11: 0.1 uF C4: 0.1 uF C10: 0.1 uF 
C5: 0.1 wF C12: 0.1 pF C5: 0.1 uF C11: 0.1 pF 
C6: 0.1 uF C13: 0.1 uF C6: 1.0 pF , 
C7: 1.0 uF C14: 0.1 uF . | 

D1: 1N914 © D2: 1N914 D1: 1N914 D2: 1N914 
X1: 4.096 MHz . X1: 4.096 MHz 

U1: MC 1489 U1: MC1489 

U2: MC 145406 U2: MC145406 

U3: MC 1488 U3: MC1488 

U4: MC74HC74 U4: MC145428 


U5: MC145428 U5: MC145426 
U6: MC14069UB ° ae 

U7: MC74HC393 

U8: MC 145422 


-T1: Lepco P/N P-1358-A. a T1: Lepco P/N P-1358-A ° - 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


3-150 


MOTOROLA 
ma SEMICONDVUCRO Eee 
TECHNICAL DATA 


Data Multiplexing 
Using the 


AN948 


Universal Digital Loop Transceiver and the Data Set Interface 


INTRODUCTION 


Data multiplexers find applications where clusters of ter- 
minals are connected to a centra! computer and in systems 
where modems are pooled at a common location. Combining 
the signals from the various terminals onto one multiplexed 
data link simplifies wiring and reduces expenses. Sharing the 
cost of the multiplexer among the several terminals results in 
a lower net cost compared to installing and maintaining 
individual cables for each terminal. While present day multi- 
plexers are economical, new ICs from Motorola make possible 
enhanced performance multiplexers for a fraction of the cost 
of existing devices. 

This Application Note will describe the design of a short- 
haul multiplexer for asynchronous data at rates up to 9600 
baud. The mux combines eight full-duplex data channels 
along with eight end-to-end RS-232 control signals onto a 
single pair of telephone wire for distances up to 2 km. 
Motorola’s Universal Digital Loop Transceivers (MC145422/ 
26 UDLTs) master /slave high-speed synchronous data trans- 
ceivers and Data Set Interface (MC145428 DSI) full-duplex 
asynchronous to synchronous converter form the heart of this 
multiplexer. A few MSI CMOS ICs complete the design. 

Figure 1 illustrates a typical system with the terminals in a 
departmental situation multiplexed onto one high-speed data 
link. RS-232 control signals are passed transparently through 


MASTER 
MULTIPLEXER 


the multiplexer so the terminals have direct access to the 
controls of the modems. This multiplexer system transports 
one control signal bidirectionally for each data channel. As 
will be described below, other configurations may easily be 
constructed with simple wiring changes. 


CHARACTERISTICS OF THE UDLTs 


The UDLTs are synchronous data transceivers capable of 
transporting 80 kbps of full-duplex data over ordinary twisted 
pair 26 to 19 gauge telephone wire at distances of up to 2km. 
These devices utilize a 256 kilobaud MDPSK ping-pong burst 
modulation technique for transmission. Three logical data 
channels, one of 64 kbps and two of 8 kbps each are 
exchanged in bursts of 10 bits every 125 us frame. MDPSK 
timing is shown in Figure 2. The master initiates a ping-pong 
frame by bursting 10 bits of data to the slave beginning on the 
rising edge of an externally generated Master Sync Input 
(MSI). The modulator’s analog output signal (LO1, LO2) is 
shown referenced to MSI. Upon receiving the last bit from the 
master, the slave responds with a 10 bit burst of its own after a 
four baud delay. The slave’s modulator output (LO1, LO2) is 
shown referenced to its own Transmit Enable 1 (TE1). 
Depending on the transmission line characteristics and 
length, the actual time of arrival of the slave’s return burst at 
the master will vary due to the propagation time of the signal 
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TERMINAL 


SLAVE 
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Figure 1. Typical Multiplexer Application 
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Figure 2. UDLT Timing 


between UDLTs. On excessively long lines, propagation time 
down the transmission line results in collisions between the 
master and slave bursts so maximum line length is limited to 
2 km with 26 gauge wire. The slave’s TE1 is generated 
internally upon completion of demodulation of the burst from 
the master. TE1 remains high for eight data clock (128 kHz) 


periods and returns low until another burst is received. This | 


process Is repeated every 125 us. Since both master and slave 
devices exchange data every frame in a half-duplex manner at 
-a 256 kilobaud rate, an effective full-duplex rate of 80 kilobaud 
is accessible to the user. 

The bursts of data on the transmission line use Modified 
DPSK signals to reduce EMI and susceptibility to crosstalk 
from other signals in telephone cables. The frequency spec- 
trum consists of peaks at 128 kHz and 256 kHz and their odd 


harmonics. Only a small amount of energy is present in the | 


frequency bands used by analog telephone service, so UDLT 
signals may be placed on adjacent pairs in cables with 
ordinary telephone signals with no degradation of perform- 
ance. The power spectral density at 76 kHz is approximately 
18 dBm and at 28 kHz the level is less than -30 dBm. Because 
there is no signal energy at very low frequencies, dc energy 
may be transported on the transmission line to power the 
remote multiplexer unit. Details of this feature will be 
described later. 

The UDLTs have internal buffers to store and prepare 
synchronous data for transmission. Eight bits for the 64 kbps 
channel are serially input and output every 125 us frame. The 
two 8 kbps channels each have one bit input and output every 
frame. The master and slave UDLTs synchronous timing is 


shown in Figures 3 and 4 respectively. Both figures illustrate _ 


the transmit and receive timing for the eight bit words on Tx 


and Rx, and the timing for the two signalling bits, both inputs 
(SI1, SI2) and outputs (SO1, SO2). 

The master UDLT timing shown in Figure 3 requires 
external timing signals of 8 kHz for MSI, TE1, RE1, and 64 kHz 
up to 2.56 MHz may be used for the TDC/RDC pin. This 
application uses 128 kHz. Eight bits of the 64 kbps data 
channel received from the slave are output on the Tx pin on 
the first eight rising edges of TDC/RDC while TE1 is high. 
Data to be sent to the slave is input on the Rx pin on the first 
eight falling edges of TDC/RDC while RE1 is high. In this 
application TE1 and RE1 are connected together so data is 
input and output simultaneously. Data on the 8 kHz signalling 
channels are input on SI1 and SI2 pins and output on SO1 and 
SO2 pins on MSI's rising edge. 

The slave UDLT timing (shown in Figure 4) is similar to the 
master except that the slave synchronizes to the master’s 
bursts and generates its own clocks and enables. The eight 
bits of the 64 kbps data channel received from the master are 
presented on the Tx pinon the rising edges of CLK while TE1 is 
high. Data to be transmitted to the master is loaded in on the 
Rx pin on the falling edges of CLK while RE11 is high. Signalling 
bits on the 8 kbps channels to and from the master are input at 
$11, SI2 and output at SO1, SO2 on TE1's rising edge. 

The master UDLT has pin controlled Power-Down (PD) and 
Loop-Back (LB) features which can be used for system testing. 
Also available on the master is Signal Insert Enable (SIE) 
which enables the insertion and extraction of an 8 kbps 
channel into the LSB of the 64 kbps channel. In this 
application SIE is unused and held low. The signal enable pin 
(SE) is a three-state control pin which when held high enables 
PD, LB, and the two signalling bits (SO1 and SO2) allowing 
these signals to be bussed to a microprocessor. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


3-152 


AN948 


MSI 


TOC/RDC 


THREE-STATE 
/S ©) 2 Gn a) aS 68 ooo 


TE1, REI 


a 
< 


> GP Ge Ge Ge Ge Ge Ge DONT CARE 
sit,si2 VALID DON'T CARE VALID 


$01, $02 


Figure 3. Master Timing 
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Figure 4. Slave Timing 
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Figure 6. Slave Unit Interconnect 
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TRANSFORMER INTERFACE 


The duplexer function, separating transmit and receive 
bursts on a single twisted pair wire is automatic with UDLTs. 
The receiver input is blanked while the transmitter is active so 
the transmitted signal is ignored by the demodulator circuits. 
The receiver unblanks when the transmitter finishes its burst 
to search for the return burst from the other end. Automatic 
duplexer action allows a simple transformer to be used for the 
interface between the transmission media and UDLTs shown 
in Figures 5 and 6. The transformer Tx winding and the 
associated padding network match the transmitter output to 
the impedance of the transmission line. The Rx winding steps 
up the signal from the far end to compensate for the loss in the 
matching network. The characteristic impedance of twisted 
pair telephone wire in the frequency range used by the UDLTs 
is approximately 110 ohms. Matching this impedance requires 
resistors of 220 ohms in each leg of the Tx winding. The 
impedance of 440 ohms when transformed through a 2:1 
turns ratio results ina match to 110 ohms. 12 dB of loss is also 
introduced. The 12 dB is made up in the Rx winding which has 
a 4:1 step-up from line to receiver input. 

Protection of the UDLTs against transients induced onto the 
transmission line is accomplished by adding clamp diodes to 
the padding networks. It is convenient to split the 220 ohm 
resistors into two 110 ohm resistors and place the clamps at 
the junction of the resistors. The same technique is used at 
the receiver inputs. 


CHARACTERISTICS OF THE DSI 


The DSI is a device which provides full-duplex asyn- 
chronous to synchronous conversion. It allows the user to 
select asynchronous data formats and baud rates. The 
synchronous port has selectable timing for easy interfacing to 
a variety of systems. The asynchronous port characteristics 
are controlled by the Stop Bit select (SB), Data Length select 
(DL), Baud Rate select (BR1-BR3) pins. Synchronous data is 
under the control of the Data Output Enable (DOE), Data Input 
Enable (DIE), Data Clock (DC), and Clock Mode (CM) pins. 
Asynchronous data is sampled at 16 times the selected baud 
rate. Logic circuits search the asynchronous data for a start 
bit, eight or nine data bits and one or two stop bits. When valid 
start and stop bits are found, they are removed from the 
character and the remaining eight or nine data bits are loaded 
into the transmit FIFO for transmission on the synchronous 
port. The Tx Status pin goes low when the transmit FIFO is 
more than half full. This signal may be used for a local Clear- 
To-Send indication to the data device on the asynchronous 
port. Special characters are generated and transmitted on the 
synchronous port to synchronize the receiver of the remote 
DSI to the character boundaries. At the remote DSI syn- 
chronous data is reassembled into eight or nine bit characters, 
start and stop bits are added and the data is transmitted out on 
the asynchronous port. 

Since start and stop bits are removed from the asyn- 
chronous data before transmission on the synchronous port, 
some data compression is achieved. For example, asyn- 
chronous data at 9600 baud with eight data bits and one stop 
bit is compressed to 7680 baud on the synchronous channel. 
This makes possible the use of an 8 kbps synchronous 
channel to transport 9600 baud data. However, since sync 
and break characters consisting of data patterns 01111110 
and 11111110 respectively are exchanged between DSls 


every so often, the effective data compression is somewhat 
reduced. Zero bit insertion on the synchronous data between 
DSls is used to eliminate the possibility of data imitating either 
of these characters (the inserted zeros are removed by the 
synchronous receiver). The multiplexer allocates the UDLTs 
64 kbps synchronous channel to each DSI for one 125 ys 
ping-pong frame out of every 1 ms data frame. This results in 
an 8 kbps synchronous channel for each DSI. Under certain 
circumstances, with binary data, zero insertion may cause the 
transmit FIFO to overrun. If hex ‘FF’ characters are input to the 
DSI on the asynchronous port at 9600 baud with minimum 
time between characters, inserted zeros and sync characters 
cause the effective data rate to increase from 7680 baud to 
approximately 9400 baud. Since the synchronous channel 
supports only 8 kilobaud, an overrun of the Tx FIFO will 
occur. The TxS pin will go low approximately 5 ms before an 
overrun occurs and this indication may be used to stop the 
flow of new asynchronous data until the FIFO clears out. 
When ASCII data is used, only 6 characters (>(3E hex), 
?(3F hex), I(7C hex), ~(7E hex), DEL(7F hex), and Blank(7D hex)) 
generate stuffed zeros. Fortunately, it is unlikely that these 
characters will be sent in large enough groups to cause FIFO 
overruns. In applications where ASCII data is transported, 
eight 9600 baud channels may be multiplexed onto this 
system's 64 kbps synchronous channel. If binary data is 
transported, a 16 kbps synchronous channel must be allocated 
for each DSI, resulting in a four channel multiplexer. This 
guarantees that even with maximum zero insertions, FIFO 
overruns will not occur. 


OCTAL MULTIPLEXER SYSTEM DESCRIPTION 


This multiplexer system fully exploits the DSI chips and the 
UDLT transceiver pair. The UDLTs 64 kbps channel transports 
the synchronous data from the DSls. One of the UDLTs 8 kbps 
channels is used to synchronize the multiplexing of the eight 
data channels, and the other 8 kbps channel is used to 
transport eight RS-232 control signals. 

The multiplexer system consists of two units, a master and 
a slave. Figure 5 illustrates the interconnection of the various 
devices within the master unit. The transformer interface to 
the twisted pair is shown with the previously described 
impedance matching and protection circuitry. The master 
UDLT is shown with the Tx, Rx lines along with the 128 kHz 
and the 4.096 MHz clocks bussed to the eight DSIs. The data 
channel enables and signalling lines are shown connecting 
the DSlIs and the RS-232 driver /receivers to the sequencing 
and signalling block. Each DSI is shown configured for 9600 
baud with eight bit character lengths and one stop bit which 
may be made switch selectable, if desired. 

Figure 6 shows the complementing slave unit. Protection 


circuitry and the transformer interface are the same as the 


master unit. The slave UDLT generates its own clocks derived 
from an on-chip crystal oscillator circuit. An inverter is used to 
drive the eight clock inputs to the DSIs. Also shown is the 
sequencing and signalling interconnect to the DSlIs and the 
RS-232 driver/receivers. | 
Circuitry in the sequencing and signalling blocks is shown 
in Figures 7 and 8 for the master and slave units respectively. 
All pertinent timing of the multiplexer system is shown in 
Figure 9. Master timing is shown in the top section, master 
and slave bursts on the twisted pair are shown on the line 
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labeled ‘Transmission Line’. Slave timing is illustrated on the 
bottom half of the figure. 

Clocks for the master UDLT are created by a 12-stage ripple 
counter (MC74HC4040) which is driven by a 4.096 MHz 
crystal oscillator. Taps at Q1, Q5, and Q9 create the 2.048 
MHz (CCl), 128 kHz (TDC/RDC) and 8 kHz (MSI,TE1,RE1) 
clocks respectively. Inverters are needed on each line so the 
rising edges coincide. A pulse which synchronizes the master 
and slave data channel sequencing circuitry is generated 
when a count of O is reached by Q10, Q11, and Q12 of the 
ripple counter. This puise ts shifted through the enabie shift 
register (MC 14015B) to create eight non-overlapping enables 
for the DSls. A latch (MC 14013B) is used to delay the pulse so 
that it can be properly input into SI1 of the UDLT on the next 


rising edge of MSI. The delayed pulse on SI1 and the data’ 


channel enables (CHO-CH7 DOE, DIE) are shown on the 
timing diagram. RS-232 control data is routed to a latch by an 
addressable data selector (MC14051B). RS-232 control data 
received from the slave unit is written into an addressable 
latch (MC 14051B). Notice that the first QO of the shift register 
is the enable to the DSI of data channel 1. Since the sync pulse 
arrives at the input of the shift register slightly after the clock, 
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a one-channel offset is used to address the proper channel. 
This offset is transparent to the system. 

Data input on the Rx pin of the UDLT is buffered until the 
next rising edge of MSI, when it is burst out on the 
transmission line. Data on SI1 and SI2 are latched in on the 
rising edge of MSI and transmitted in the burst which was 
initiated by that MSI edge. The bursts from the master (boxes 
with M) and the return bursts from the slave (boxes with S) on 
the twisted pair wire are illustrated on the ‘Transmission 
Line’. The numbers indicate which channel's data is trans- 
ported in that burst. 

The system sync pulse arrives at the slave unit on the SO1 
pin of the UDLT (Figure 8). It is shifted through a shift register 
(MC14015B) which is clocked by the RE1 pin. The Q’s from 
this shift register enable the transmission of data from the 
DSls to the UDLT. The sync pulse is delayed and shifted 
through another shift register clocked by TE1. The Q’s from 
this shift register enable the DSls to accept data from the 
UDLT. RS-232 control data is handled in the slave unit in a 
similar manner as the master with a data selector and an 
addressable latch. Simply offsetting the connections to the 
RS-232 driver/receivers realigns the data to the proper 
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Figure 7. Master Sequencing and Signalling 
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channels eliminating any superfluous circuitry. Offsetting the 
connections to the data selector (MC 140518) similarly aligns 
the channels so that the data arrives at the master in the 
correct time slot. Following the channels on. the timing 
diagram illustrates the concept. . “4 


ADDITIONAL CONSIDERATIONS 


This multiplexer design is quite modular. If RS-232 control 
signalling is not desired then the circuitry can be simplified by 
removing the write pulse generator (MC 140228), addressable 
latches (MC14099B) and data selectors (MC14051B) from 
both units. The address generator (MC 14163B) on the slave 


unit may also be removed. In applications where data rates of 


less than 9600 baud are used, the Baud Rate select pins on 
the DSIs need simply be reconfigured. A DIP switch can be 
conveniently used to set the Baud Rate, Data Length and Stop 
Bit pins on the DSls. Note that the DSIs must not be set for 
19.2 or 38.4 kilobaud when eight channels are multiplexed. If 
data rates higher than 9600 baud are desired, the individual 
data channels must be serviced more often by the UDLT. 
Because the high-speed synchronous channel between 
UDLTs is 64 kbps, the total bandwidth required by all of the 
channels must be at or below 64 kbps. The multiplexer may 
also be converted into a single channel limited-distance 
modem where data rates of up to 56 kbps can be attained. 
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This multiplexer, because it is all CMOS, consumes only 
about 175 mW per unit. One of the units may be powered by 
dc energy transported on the transmission line itself eliminat- 
ing a power cord. The line interface transformer is designed to 
pass dc energy by separating the two line windings and 
installing a 1 wF capacitor between pins 2 and 3. Now, dc 
current may be passed to the twisted pair. A switching power 
supply may be installed in the remote unit to convert the line 
power to voltage levels useable by the digital circuitry. Recall 
that the dc resistance of 2 km of 26 AWG wire is approximately 
575 ohms. This necessitates a relatively high voltage on the 
sending side to keep the I2R losses in the twisted pair to a 
tolerable level. Usually 36:to 40 volts is satisfactory to furnish 
enough voltage to the remote unit. Since the transmission 
line is balanced, there is no ground reference between master 
and slave units. dc power to the twisted pair must be fed from 
an isolated winding on the mains transformer, so that a 
ground reference may be established at the remote unit. 
Connecting the ground references of the two units through 
the twisted pair will result in poor data performance due to 
longitudinal currents in the line. 
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THE APPLICATION OF A DUPLEXER 


The purpose of this document is to explain the application 
and operation of a duplexer circuit, to show how to balance a 
duplexer, and to discuss the duplexer’s operation analysis 
when used with two different transformers and with variable 
components. 

The duplexer circuit shown in Figure 1 is a fundamental 
circuit that is used to help reject the transmit energy from the 
receive signal. The circuit in Figure 1 is set up for a standard 
600 ohm system. 

This circuit eliminates the transmit signal from the receiv- 
ing point by sending a combination of both signals into the 
inputs of a differential amplifier. This tends to cancel out the 
transmit signal leaving only the receive signal. A signal is 
transmitted into Pin 3, the noninverting input, while a signal 
is being received across Pins 5 and 8 of the transformer, from 
the same line. There is a 600 ohm impedance when looking 
into Pins 1 and 4 of the transformer. With R1 tweaked to ap- 
proximately 600 ohms, a voltage divider network is estab- 
lished with the 600 ohm impedance of the transformer. Thus, 
the signal at the noninverting input, Pin 5, is Rx+(Tx/2). 
The signal at the inverting input, Pin 6, is Tx/2 due to the 
virtual ground concept. When these inputs are added 
together, the transmit signal cancels leaving Rx, the receive 
signal, at the output Pin 7. 

There are’ several ways of balancing or tuning duplexers 
but only one technique will be explained for this application. 
The transmit Pin 3 is grounded while a 600 ohm signal source 
with a predetermined level and frequency is connected to 
Pins 5 and 8 of the transformer. A signal with a level of 
~10 dBm (0.6938 Vp-p) and a frequency of 1700 Hz was 
used in this circuit. R1 is then tweaked such that the voltage 
across Pins 5 and 8 of the transformer is half the signal 
voltage or until there is exactly a 6 dB loss across Pins 5 and 
8, (i.e., — 16 dBm at Pins 5 and 8). Next, the 600 ohm signal 
source set at the same level and frequency is connected to Tx 
(Pin 3) across a 10 kilohm resistor. A 600 ohm resistor is con- 
nected to Pins 5 and 8 of the transformer. Then, R2 is 
tweaked until there is a minimum signal at Rx. Next, several 
different values of capacitance are tried for Cl until the 


smallest null is found at Rx. Once the best value of 
capacitance has been found, the duplexer has been balanced 
for that particular input signal and the best possible rejection 
of the transmission signal to the receive signal has been 
found. This is called the Transhybrid Rejection and is shown 
with different values of capacitance in Figure 2. 

There are several noisy signals that this duplexer can not 
eliminate at the receive Pin 7. For instance, deflection of the 
transmit signal off of the transformer returns out of phase 
and tends to leak through onto the receive signal. For this 
particular circuit, curve 1 shows the best rejection over the 
spectrum. 

It is worth noting the difference in performance of this 
duplexer with respect to the type of transformer used. The re- 
jection versus frequency plot shown in Figure 2 was the result 
obtained when the Midcom 671-0018 was incorporated. This 
transformer has winding resistances of 14 ohms on the 
primary coil and 18 ohms on the secondary. The same test 
was run with a different transformer (Midcom 671-0915) and 
the results are shown in Figure 3. This transformer has wind- 


‘ing resistances of 178 ohms on the primary coil and 67 ohms 


on the secondary coil giving it a much larger insertion loss 
than the Midcom 671-0018. This difference is displayed in 
Figure 3 as there is not as much rejection with the Midcom 
671-0915 over the spectrum as with the Midcom 671-0018 
(Figure 2). 

It can be seen from Figures 2 and 3 that changing the 
capacitance changes the amount of rejection. This is due to 
the fact that the coil (Pins 1 and 4) not only has a resistance 
but also has an inductive reactance. If there is not a proper 
sized capacitance in parallel with this inductance, then the 
overall impedance of the coil increases. This impedance 
changes the voltage divider with R1 which in turn allows a 
larger Tx at Pin 5 which is slightly out of phase with the 
Rx + Tx/2 at Pin 6. This allows more leakage of the transmis- 
sion onto the receive signal thus decreasing the rejection. 
This difference between the size of the capacitance and the 
type of transformer to use is a tradeoff which is left to the 
designer’s judgement. 
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Vpp=+5V 


Vss=—5V 

VAG= GND (Analog) 

Signal= — 10 dBm 
(1700 Hz) 


U1— MC143403 
T1—Midcom 671-0018 


FIGURE 1 — Duplexer Circuit 
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IC trio simplifies 
speech synthesis 


Earle West, Product Engineer 
Telecomm Product Engineering 
Motorola Inc. 

MOS Integrated Circuits Group 
3501 Ed Bluestein Blvd. 

Austin, Texas 78721 


Despite the emergence of special-purpose speech 
chips, the details of adding voice output to a system 
are still foreign to most designers. However, they 
should be happy to learn that highly intelligible 
speech is possible using a low-cost microprocessor 
and three readily available integrated circuits. 

The speech peripheral, which contains an MC38417 
continuously variable-slope delta modulator-demod- 
ulator, an MC145414 tunable, dual switched- 
capacitor, low-pass filter, and an MC14040 counter, 
encodes analog signals into a serial bit stream at a 
rate of 15,625 bits/s (Fig. 1). The bit stream is then 
stored in CPU memory. On demand, the peripheral 
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will reproduce an analog signal well enough to be 
understood easily by an untrained listener. 

Such a speech peripheral will enhance the I/O 
capability of industrial systems, consumer service 
systems, and games tremendously. Although more 
CPU memory is required than for linear predictive 
coding, stored words are easily changed than with 
LPC. Furthermore, no special memories or com- 
plicated calculations are required and no special- 
purpose synthesizer chips are needed. The encoded 
speech signals are simply recorded into and played 
out of CPU memory as any other data. Even the 
software is simple: words can be packed into ROM 
or a disk and need only be selected by the 
microprocessor software for output. 

Since the three-IC circuit is designed for speech 
applications, the bandwidth ranges from 500 Hz to 
3.7 kHz (Fig. 2). However, different filter time 
constants, data rates, and integrator designs can 
change the frequency range and with it the circuit’s 
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1. At the heart of athree-chip speech peripheral is an MC3417 continuously variable-slope delta modulator- 
demodulator, which converts an audio waveform into a serial bit stream. The second and newest of the 

three is an MC145414 dual switched-capacitor low-pass filter with on-board operational amplifiers. An MC14040 
12-bit binary counter completes the trio. 
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Input signal. 100 mV rms 


2 kHz 3 kHz 
Frequency 


500 Hz 1 kHz 4 kHz 


2. The switched-capacitor low-pass filter limits both input and 
output frequencies to about 3.7 kHz, as reflected by the 
system frequency response curve. Input frequencies are 
limited to prevent aliasing; filtering the output smooths it out. 
Bandwidth for the circuit ranges from 500 Hz to 3.7 kHz. 
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application. The tradeoffs made for this circuit make 
it suitable for many industrial applications as well. 


About the key chip 


_ Of the three ICs, the key one is the CVSD 
modulator-demodulator. On board, a current-con- 
trolled integrator generates a ramped voltage to 
linearly approximate the encoded analog waveform 
in piecewise fashion. Whenever the ramped voltage 
becomes greater than the input voltage, an on-board 
comparator switches the direction of the ramp. 
Digitally, an increasing slope is represented by a 1; 
a decreasing slope, by a 0. This process is called delta 
modulation because the slopes change, or delta, is 
detected. However, the MC3417 does more than 
simple delta modulation; it performs what is called 
continuously variable-slope delta modulation (and 
demodulation). Thus the slope of the ramp voltage 
—that is, the gain of the chip’s integrator—is in- 
finitely variable. This way, in tracking the analog 
input voltage, the output slope can change more 
quickly when changes in the analog input demand 
it. As a result, tracking is more accurate than with 
any constant-slope delta modulation scheme. 


Piecewise 
linear 
approximation 


12 
Low-pass 
filter 
(Ua) 


Ue 


2N2907 
y, 
Va 


Integrator 


0.01 yF 
Cro 


ce 


7 


Va source 8-2 
speaker 


v, GND +12 V 


Microphone 


47k 0.1 uF 


Low-pass 


filter 
(Ua) 


U; = MC3417 modulator/demodulator 
Uz = MC 145414 filter 
Us = MC 14040 counter 


2.0 Vins (Max) 


125 kHz 


3. Acontinuously variable slope gives the MC3417 the accuracy to reproduce analog signals. When necessary, 
the syllabic filter changes the rate of integration and with it the slope. The three basic chips, a simple audio 
amplifier, and a microprocessor interface complete the speech peripheral circuit. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


3-164 


ARTICLE 5 


The MC145414 contains two filters and two opera- 
tional amplifiers. One filter provides anti-aliasing by 
cutting off input frequencies above 3.7 kHz. It has 
a gain of 18 dB. The other filter smooths output noise, 
but has no inherent gain. One of the chip’s on-board 
operational amplifiers augments the signal from a 
microphone to about 1 V rms to drive the MC3417’s 
comparator input. At the output, a second op amp 
and several discrete components drive an 8-2 
speaker. 

The MC145414 uses switched-capacitor filters, 
which need no precise external components for 
accurate, low-pass analog filtering. Both filters are 
five-pole, elliptic, low-pass types whose cutoff fre- 
quency depends on the sampling clock frequency. 

For producing speech, the break frequency (3.7 
kHz) requires a 125-kHz clock. The clock is generated 
by the third IC, a CMOS MC14040 divider, and 
a 1-MHz master clock derived from the CPU. The 
three ICs interface with a CPU system, in this case, 
through an MC6821 peripheral interface adapter 
(PIA). 

Figure 3 details the entire speech circuit and its 
two functions: encoding the analog signal into a serial 
bit stream for the CPU to record and decoding the 
bit stream into a reconstructed analog waveform. 
Switch 8, determines which function to perform by 
supplying a corresponding level to both the CPU and 
the CVSD chip. 

When switched to encode, analog signals from the 
microphone are amplified and filtered by one of the 
op amps and a low-pass filter on board the MC145414. 
The filtered audio is then fed to the MC3417, where 
the analog-to-digital conversion produces the serial 
bit stream. Each high bit means the integrator slope 
is positive, and each low signals a negative slope. 
Later, the stored bits are used to control the inte- 
grator, whose output approximates the audio signal. 
In this way, the integrator uses straight lines to 
reconstruct the original analog waveform. 

Thus, when the circuit is set to decode—that is, 
to output speech—the sequence of bits that 
translates the serial bit stream into a linear approx- 
imation of the original audio is fed to the MC3417, 
which sends it to the second low-pass filter and op 
amp on board the MC145414 to smooth out the 
sequence of linear approximations and provide 
enough gain to drive a loud-speaker. As a result, with 
the CPU selecting the sequence of bits (representing 
words) previously stored in memory, spoken sen- 
tences are put out through the peripheral. 

Since the speech quality is dramatically affected 
by the sampling rate, the feedback loop gain, the 
signal level, and the filtering, there is room to tweak 
and adjust the sound to suit an application. The 
circuit represents several tradeoffs to produce highly 


intelligible speech using a reasonable amount of CPU 
memory for speech storage, yet requires reasonably 
few readily available parts. 
For example, the transfer function in this applica- 
tion has two poles—one at 160 Hz and one at 280 
Hz—and a zero at 4.0 kHz. The pole at 160 Hz 
provides the long time constant necessary for follow- 
ing relatively linear portions of the original analog 
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4. The speech peripheral and the controlling microprocessor 
communicate through a peripheral interface adapter. In 
addition, clocking and serializing are software tasks, but 
since the transfer of data between the program and the 
peripheral is asynchronous, changing the software does not 


create a timing problem. 
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waveform; the pole at 280 Hz prevents instantaneous 
reversals of the integrator’s output voltage. The 
latter action avoids a sawtoothlike peak at extreme 
values of the audio sine wave, which enables the 
output to follow rapid changes in the audio waveform 
more closely. . | 

Finally, the zero at 4.0 kHz improves the phase 
margin of the MC3417’s feedback loop. In a simple 
delta modulation-demodulation system, the slope of 
the output signal used to approximate the input is 
constant. Acceptable speech quality, however, calls 
for a continuously variable slope—one that increases 
or decreases with the input. The MC3417 performs 
continuously variable slope modulation and de- 
modulation so that the slope of the approximating 
line segments depends on the last three bits clocked 
into the decoder. 

To do that, the MC3417’s internal 3-bit shift regis- 
ter monitors the serial bit stream of the comparator. 
If the comparator detects a series of three or more 
1s or three or more 0s in a row, its coincidence pin 
will go active and the slope of the integrator’s output 
line segments will be made slightly steeper. If three 
or more consecutive 1s or Os are detected, a capacitor 
off the chip will charge up, and the control current 
of the integrator will be increased continuously. 

When the stream of. all 1s or all 0s ends, the 
capacitor is discharged by an external resistor (R17), 
which, with capacitor Cy, forms a so-called syllabic 
filter. (Incidentally, the values of R and C are not 
critical and in this application, the time constant 
provided by the pair is 50 ms.) 


Simple software 


As Fig. 4 indicates, the software to record and play 
speech using this peripheral is simple. The assembly 
listing for an MC6800 system is given in Fig. 5. In 
this case, a switch on the CPU board selects the 
encoding or decoding by setting a high or low level, 
respectively, at pin 14 of the PIA and pin 15 of the 
CVSD chip. The encoding routine reads bits serially 
from the peripheral, performs serial-to-parallel con- 
version, and saves the encoded data in memory. The 
program operates asynchronously with the 
peripheral, allowing different clock rates without 
changing the software. The CPU simply waits for 


5. Conspicuous by its small size, the program for running the a data clock edge, then reads the data. The decoding 
speech peripheral circuit performs both encoding and ti ks in th The CPU its f 
decoding functions in 84 lines, including comments. The FOULS WOR Ene name Way : e walle 206 
routine “reads” the encoding-decoding switch position and a data clock edge, then sends a bit from memory to 
branches to the corresponding routine. the peripheral, which converts it into speech.O 


“Reprinted with permission from Electronic Design, Vol. 30, No. 11; copyright Hayden Publishing Co., Inc., 1982.” 
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Turn I/O data port into speech port 


Earle West and Al Mouton 
Motorola Inc, Austin, TX 


This low-cost, low-power wpP peripheral circuit 
(figure) converts an 8-bit I/O data port into a 
high-quality speech port, using continuously varia- 
ble slope-delta (CVSD) modulation to encode and 
decode waveforms per p»P direction. The »P can play 
back any segment of recorded speech; 1 sec of 
intelligible speech requires ~1.5k bytes of memory. 
You can trade off between voice quality and memory- 
storage requirements by adjusting the data-clock 
rate for the CVSD chip. 

To encode speech, an MC145414 CMOS dual 
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switched-capacitor filter/dual op amp (U,) buffers 
the signal and band-limits the input to ~2.9 kHz. Us, 
an MC3417 linear CVSD modulator/demodulator, 
encodes the CVSD word and creates a bit stream at 
~12k bps. This serial bit stream loads into U,, where 
the »P reads it in parallel. 

For decoding and outputting speech, the pP loads 
the MC14014 8-bit shift register (U,) with parallel 
data. U, shifts the data to U; for CVSD decoding. Us 
performs low-pass filtering and buffers the resultant 
voice waveform. 


CMOS ICs U,, Uz and U3 clock the filter and CVSD 
chips, and U; drives a loudspeaker. Four control 
lines connect with the »P to control data direction 
and synchronize data clocking. EDN 


0.005 uF 


NOTES: 

ENCODE MODE: DATA CAN BE 
READ FROM SHIFT REGISTER 
AFTER NEGATIVE CLOCK EDGE, 
ONLY STABLE FOR 30 ,SEC 
DECODE MODE: DATA SHOULD BE 
LOADED INTO PIA AFTER POSITIVE 
CLOCK EDGE AND BE STABLE 
BEFORE NEGATIVE CLOCK EDGE 
U, = MC14069 

U, =MC14040 

U3 = MC14538 

U,=MC14034 

U, =MC3417 

Ug =MC145414 


RESISTORS = “%W, 5% 


4TO 162 
SPEAKER 


This 8-bit speech circuit encodes and decodes analog waveforms. Adjust the data-clock rate to trade off between voice quality 


and memory overhead. 


“Reprinted from EDN, May 26, 1982, Copyright 1982; Cahners Publishing Company’”’ 
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Glossary of Terms and Abbreviations 


The list reproduced here refers to terms found in this and other Motorola publications concerned with Motorola 


Semiconductor products for Telecommunications. 


A law—An European companding/encoding law commonly 
used in PCM systems. 


A/B signaling—A special case of 8th-bit (LSB) signaling in 
a p-law system that allows four logic states to be multiplexed 
with voice on PCM channels. 


A/D (analog-to-digital) converter (ADC)—A converter that 
uniquely represents all analog input values within a specified 
total input range by a limited number of digital output codes, 
each of them exclusively representing a fractional part of the 
total analog input range. 


Aliasing noise—A distortion component that is created when 
frequencies present in a sampled signal are greater than one- 
half the sample rate. 


Answer back—A signal sent by receiving data-processing 
device in response to a request from a transmitting device, 
indicating that the receiver is ready to accept or has received 
data. 


Anti-aliasing filter—A filter (normally low pass) that band 
limits an input signal before sampling to prevent aliasing noise. 


Asynchronous—A mode of data transmission in which the 
time occurrence of the bits within each character or block of 
characters relates to a fixed time frame, but the start of each 
character or block of characters is not related to this fixed time 
frame. 


Attenuation—A decrease in magnitude of a communication 
signal. | 


Bandwidth — The information-carrying frequencies between 
the limiting frequencies of a communication line or channel. 


Baseband—The frequency band occupied by information- 
bearing signals before combining with a carrier in the modu- 
lation process. 


Baud—A unit of signaling speed equal to the number of dis- 
crete signal conditions or events per second. This refers to the 
physical symbols/second used within a transmission channel. 


Bit rate—The speed at which data bits are transmitted over 
a communication path, usually expressed in bits per second. 
A 9600 bps terminal is a 2400 baud system with 4 bits/baud. 


Blocking—A condition in a switching system in which no 
paths or circuits are available to establish a connection to the 
called party even though it is not busy, resulting in a busy 
tone to the calling party. 


BORS(C)HT— Battery, Overvoltage, Ringing, Supervision, 
(Codec), Hybrid, Test; the functions performed by a subscriber 
line card in a telephone exchange. 


Broadband—A transmission facility whose bandwidth is 
greater than that available on voice-grade facilities. (Also called 
wide band.) 


C message — A frequency weighting that evaluates the effects 
of noise based on its annoyance to the “typical’’ subscriber 
of standard telephone service or the effects of noise (back- 
ground and impulse) on voice-grade data service. 


Carrier—An analog signal of fixed amplitude and frequency 
that combines with an information-bearing signal by modu- 
lation to produce an output signal suitable for transmission. 


CCITT — Consultative Committee for International Telephone 
and Telegraph; an international standards group of European 
International Telecommunications Union. 


Central Office (CO)— A main telephone office, usually within 
a few miles of a subscriber, that houses switching gear; com- 
monly capable of handling about 10,000 subscribers. 


Channel bank— Communication equipment commonly used 
for multiplexing voice-grade channels into a digital transmis- 
sion signal (typically 24 channels in the U.S. and 30 channels 
in Europe). 


CODEC— COder-DECoder; the A/D and D/A function on a 
subscriber line card in a telephone exchange. 


COFIDEC— COder-Fliter-DECoder; the combination of a 
codec, the associated filtering, and voltage references required 
to code and decode voice in a subscriber line card. 


Common mode rejection—The ability of a device having a 
balanced input to reject a voltage applied simultaneously to 
both differential-input terminals. 


Companding—The process in which dynamic range 
compression of a signal is followed by expansion in accordance 
with a given transfer characteristic (companding law) which 
is usually logarithmic. 


Compandor—A combination of a compressor at one point 
in a communication path for reducing the amplitude range of 
signals, followed by an expander at another point for restoring 
the original amplitude range, usually to improve the signal-to- 
noise ratio. 


Conference call—A call between three or more stations, in 
which each station can carry on a conversation simultaneously. 


Crosspoint— The operating contacts or other low-impedance- 
path connection over which conversations can be routed. 


Crosstalk— The undesired transfer of energy from one signal 
path to another. 


CTS—Clear to send; a control signal between a modem and 
a controller used to initiate data transmission over a com- 
munication line. 


CVSD — Continuous Variable Slope Delta (modulation); a sim- 
ple technique for converting an analog signal (like voice) into 
a serial bit stream. . 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


4-3 


D3— D3 channel bank; a specific generation of AT&T 24-chan- 
nel PCM terminal that multiplexes 24 voice channels into a 
1.544 MHz digital bit stream. The specifications associated 
with D3 channel banks are the basis for all PCM device 
specifications. 


D/A (digital-to-analog) converter (DAC)—A converter that 
represents a limited number of different digital input codes by 
a corresponding number of discrete analog output values. 


Data compression— A technique that provides for the trans- 
mission of fewer data bits than originally required without 
information loss. The receiving location expands the received 
data bits into the original bit sequence. 


dB (decibel) — A power or voltage measurement unit, referred 
to another power or voltage. It is generally computed as: 


10 x log (P1/P2) for power measurements, and 
20 x log (V1/V2) for voltage measurements. 


dBm -— An indication of signal power. 1.0 milliwatt across 600 
ohms, or 0.775 volts rms, is defined as 0 dBm. Any other 
voltage level is converted to dBm by: 


dBm =20 x log (Vrms/0.775), or 
dBm = [20 x log (Vrms)] + 2.22. 


dBmO-— Signal power measured at a point in a standard test 
tone level at the same point. 


i.e., d(BmO = dBm — dBr 


where dBr is the relative transmission level, or level relative to 
the point in the system defined as the zero transmission fone! 
point. 


dBmOp— Relative power expressed i in dBmp. (See dBmO and 
dBmp.) 


dBmp—Indicates dBm measurement made with a psophom- 
etric weighting filter. 


dBrn—Relative signal level expressed in decibels above ref- 
erence noise, where reference noise is 1 pW. Hence, 0 dBrn= 
1 pW= —90 dBm. 


dBrnC— Indicates dBrn measurement made with a C-message 
weighting filter. (These units are most commonly used in the 
U.S., where psophometric weighting is rarely used.) 


dBrnc0O— Noise measured in dBrnc referenced to zero trans- 
mission level. 


Decoding —A process in which one of a. set of reconstructed 
analog samples is generated from the digital character signal 
representing a sample. 


Delay distortion— Distortion that occurs on communication 
lines due to the different propagation speeds of signals at 
different frequencies, measured in microseconds of delay rel- 
ative to the delay at 1700 Hz. (This type of distortion does not 
affect voice communication, but can seriously impair data 
transmission. ) 


Delta modulation—A simple digital coding technique that 
produces a serial bit stream corresponding to changes in analog 
input levels; usually utilized in devices employing continuously 
variable-slope delta (CVSD) modulation. 


Demodulator—A functional section of a modem that con- 
verts received analog line signals to digital form. 


Digital telephone —A telephone terminal that digitizes a voice 
signal for transmission and decodes a received digital signal 
back to a voice signal. (It will usually multiplex 64 kbps voice 
and separate data inputs at multiples of 8 kbps.) 


Distortion—The failure to reproduce an original signal’s am- 
plitude, phase, delay, etc. characteristics accurately. 


DPSK — Differential Phase Shift Keying; a modulation tech- 
nique for transmission where the frequency remains constant 
but phase changes will occur from 90°, 180°, and 290° to 
define the digital information. 


DTMF— Dual Tone Multi-Frequency. It is the “tone dialing” 
system based on outputting two nonharmonic related fre- 
quencies simultaneously to identify the number dialed. Eight 
frequencies have been assigned to the four rows and four 
columns of a typical keypad. 


Duplex—A mode of operation permitting the simultaneous 
two-way independent transmission of telegraph or data 
signals. 


Echo—A signal that has been reflected or returned as a result 
of impedance mismatches, hybrid unbalance, or time delay. 
Depending upon the location of impedance irregularities and 
the propagation characteristics of a facility, echo may interfere 
with the speaker/listener or both. 


Echo suppressor—A device used to minimize the effect of 
echo by blocking the echo return currents; typically a voice- 
operated gate that allows communication one way at a time. 


Encoder (PCM)—A device that performs repeated sampling, 
compression, and A/D conversion to change an analog signal 
to a serial stream of PCM samples representing the analog 
Signal. 


Equalizer— An electrical network in which phase delay or gain 
varies with frequency to compensate for an undesired ampli- 
tude or phase characteristic in a frequency-dependent trans- 
mission line. 


FDM— Frequency-Division Multiplex; a process that permits 
the transmission of two or more signals over a common path 
by using a different frequency band for each signal. 


Four wire circuit—The portion of a telephone, or central 
office, that operates on two pairs of wires. One pair is for the 
transmit path (generally from the microphone), and one pair 
is for the receive path (generally from the receiver). _ 
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Frame—A set of consecutive digit time slots in which the 
position of each digit slot can be identified by reference to a 
frame alignment. The frame alignment signal does not nec- 
essarily occur, in whole or in part, in each frame. 


Full duplex—A mode of operation permitting simultaneous 
transmission of information between two locations in both 
directions. 


Gain—The change in signal amplitude (increase or decrease) 
after passing through an amplifier, or other circuit stage. Usu- 
ally expressed in dB, an increase is a positive number, and a 
decrease is a negative number. 


Gain tracking error— The variation of gain from a constant 
level (determined at 0 dBm input level) when measuring the 
dependence of gain on signal level by comparing the output 
signal to the input signal over a range of input signals. 


HDLC — High-Level Data Link. Control; a CCITT standard data 
communication line protocol. 


Half duplex—A transmission system that permits commu- 
nication in one direction at a time. CB ratios, with ‘‘push-to- 
talk”” switches, and voice-activated speakerphones, are half 
duplex. 


Handset—A rigid assembly providing both telephone trans- 
mitter and receiver in a form convenient for holding simulta- 
neously to mouth and ear. 


Hookswitch—A switch that connects the telephone circuit 
to the subscriber loop. The name derives from old telephones 
where the switch was activated by lifting the receiver off and 
onto a hook on the side of the phone. 


idle channel noise (ICN) —The total signal energy measured 
at the output of a device or channel under test when the input 
of the device or channel is grounded (often a wide-band noise 
measurement using a C-message weighting filter to band-limit 
the output noise). 


Intermodulation—The modulation of the components of a 
complex wave by each other (in a nonlinear system). 


Intermodulation distortion—An analog line impairment 
when two frequencies interact to create an erroneous fre- 
quency, in turn distorting the data signal representation. 


ISDN — Integrated Services Digital Network; a communication 
network intended to carry digitized voice and data multiplexed 
onto the public network. 


Jitter—A type of analog communication line distortion caused 
by abrupt, spurious signal variation from a reference timing 
position, and capable of causing data transmission errors, par- 
ticularly at high speeds. (The variation can be in amplitude, 
time, frequency, or phase.) 


Key system—A miniature PABX that accepts 4 to 10 lines 
and can direct them to as many as 30 telsets. 


p-law—A companding law accepted as the North American 
standard for PCM based systems. 


LAN—Local Area Network; a data-only communication net- 
work between data terminals using a standard interface to the 
network. 


Line—The portion of a circuit external to an apparatus that 
consists of the conductors connecting the apparatus to the 
exchange or connecting two exchanges. 


Line length compensation — Also referred to as loop length 
compensation, it involves changing the gain of the transmit 
and receive paths, within a telephone, to compensate for dif- 
ferent signal levels at the end of different line lengths. A short 
line (close to the CO) will attenuate signals less, and therefore 
less gain is needed. Compensation circuits generally use the 
loop current as an indication of the line length. 


Longitudinal balance—The common-mode rejection of a 
telephone circuit. 


Loop— The loop formed by the two subscriber wires (Tip and 
Ring) connected to the telephone at one end, and the central 
office (or PBX) at the other end. Generally it is a floating 
system, not referred to ground, or ac power. 


Loopback — Directing signals back toward the source at some 
point along a communication path. 


Loop current—The dc current that flows through the sub- 
scriber loop. It is typically provided by the central office or 
PBX, and ranges from 20 to 120 mA. 


MCU — MicroComputer Unit (also MicroController Unit). 
MPU — MicroProcessor Unit. 


Mu law—A companding/encoding law commonly used in 
U.S. (same as p-law). 


MUX-— Multiplex or multiplexer. 


Modem — MOdulator-DEModulator; a unit that modulates and 
demodulates digital information from a terminal or computer 
port to an analog carrier signal for passage over an analog 
line. . 


Multiplex — To simultaneously transmit two or more messages 
on a single channel. 


Off hook—The condition when the telephone is connected 
to the phone system, permitting loop current to flow. The 
central office detects the dc current as an indication that the 
phone is busy. . 


On hook—The condition when the telephone’s dc path is 
open, and no dc loop current flows. The central office regards 
an on-hook phone as available for ringing. 


PABX— Private Automatic Branch Exchange; a customer- 
owned, switchable telephone system providing internal and/ 
or external station-to-station dialing. 


Pair— The two associated conductors that form part of a com- 
munication channel. 
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Pass-band filter—A filter used in: communication systems 
that allows only the frequencies within a communication chan- 
nel to pass, and rejects all frequencies outside the channel. 


PBX — Private Branch Exchange; a class of service in standard 
Bell System terminology that typically provides the same ser- 
vice as PABX. 


PCM — Pulse Code Modulation; a method of transmitting data © 


in which signals are sampled and converted to digital words 
that are then transmitted serially, typically as 8-bit words. 


Phase jitter— Abrupt, spurious variations in an analog line, 
generally caused by power and communication equipment 
along the line that shifts the signal phase relationship back 
and forth. 


Propagation delay — The time interval between specified ref- 
erence points on the input and output voltage waveforms. 


Psophometric weighting — A frequency weighting similar to 


C-Message weighting that is used as the standard for European: 


telephone system testing. 


Pulse dialer—A device that generates pulse trains corre- 
sponding to digits or characters used in impulse or loop-dis- 
connect dialing. 


Quantizing noise—Signal-correlated noise generally asso- 
ciated with the quantizing error introduced by A/D and D/A 
conversions in digital transmission systems. 


REN—Ringer Equivalence Number; an indication of the 
impedance, or loading factor, of a telephone bell or ringer 
circuit. An REN of 1.0 equals about 8 kilohms. The Bell system 
typically permits a maximum of 5.0 REN (1.6 kilohms) on an 
individual subscriber line. A minimum REN of 0.2 (40 kilohms) 
is required by the Bell system. 


Repeater—An amplifier and associated equipment used in a 
telephone circuit to process a signal and retransmit it. 


Repertory dialer—A dialer that stores a repertory of tele- 
phone numbers and dials any one of them automatically on 
request. 


Ring—One of the two wires connecting the central office to 
a telephone. The name derives from the ring portion of the 
plugs used by operators (in older equipment) to make the 
connection. Ring is traditionally negative with respect to Tip. 


RTS— Request To Send; an EIA-232 control signal between 
a modem and user’s digital equipment that initiates the data 
transmission sequence on a communication line. 


Sampling rate— The frequency at which the amplitude of an 
analog signal is gated into a coder circuit. The Nyquist sampling 
theorem states that if a band-limited signal is sampled at regular 
intervals and at a rate equal to or greater than twice the highest 
frequency of interest, the sample contains all the information 
of the original signal. The frequency band of interest in 
telephony ranges from 300 to 3400 Hz, so a sampling rate of 
8 kHz provides dc to 4000 Hz reproduction. 


SCU— Subscriber Channel Unit; the circuitry at a telephone 
exchange associated with an individual subscriber line or 
channel. 


Sidetone— The sound fed back to the receiver as a result of 
speaking into the microphone. It is.a natural consequence of 
the 2-to-4 wire conversion system. Sidetone was recognized 
by Alexander Graham Bell as necessary for a person to be able 
to speak properly while using a handset. 


Signaling — The transmission of control or status information 
between switching systems in the form of dedicated bits or 
channels of information inserted on trunks with voice data. 


Signal-to-distortion ratio (S/D)—The ratio of the input sig- 
nal level to the level of all components that are present when 
the input signal (usually a 1.020 kHz sinusoid) is eliminated 
from the output signal (e.g., by filtering). 


SLIC— Subscriber Line Interface Circuit; a circuit that per- 
forms the 2-to-4 wire conversion, battery feed, line supervision, 
and common mode rejection at the central office (or PBX) end 
of the telephone line. 


Speech network—A circuit that provides 2-to-4 wire con- 
version, i.e., connects the microphone and receiver (or the 
transmit and receive paths) to the Tip and Ring phone lines. 
Additionally it provides sidetone control, and in many cases, 
the dc loop current interface. 


Subscriber line—The system consisting of the user’s tele- 
phone, the interconnecting wires, and the central office equip- 
ment dedicated to that subscriber (also referred to as a loop). 


Switchhook—A synonym for hookswitch. 


Syn (Sync)—(1) A bit character used to synchronize a time 
frame in a time-division multiplexer. (2) A sequence used by 
a synchronous modem to perform bit synchronization or by a 
line controller for character synchronization. 


Synchronous modem —A modem that uses a derived clock- 
ing signal to perform bit synchronization with incoming data. 


T1 carrier—A PCM system operating at 1.544 MHz and car- 
rying 24 individual voice-frequency channels. 


Tandem trunk — See trunk. 


Telephone exchange—A switching center for interconnect- 
ing the lines that service a specific area. 


TELETEX—A text communication service between entirely 
electronic work stations that will gradually replace TELEX with 
the introduction of the digital network. (Not to be confused 
with teletext.) 


TELETEXT— The name usually used for broadcast text (and 
graphics) for domestic television reception. (Not to be con- 
fused with teletex.) 
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Time-division multiplex—A process that permits the trans- 
mission of two or more signals over a common path by using 
a different time interval for each signal. 


Tip—One of the two wires connecting the central office to a 
telephone. The name derives from the tip of the plugs used 
by operators (in older equipment) to make the connection. Tip 
is traditionally positive with respect to Ring. 


Tone ringer— The modern solid state equivalent of the old 
electromechanical bell. It provides the sound when the central 
office alerts the subscriber that someone is calling. Ringing 
voltage is typically 80-90 volts rms, 20 Hz. 


Trunk—A telephone circuit or channel between two central 
offices or switching entities. 


TSAC— Time Slot Assigner Circuit; a circuit that determines 
when a CODEC will put its 8 bits of data on a PCM bit stream. 


TS!IC— Time Slot Interchange Circuit; a device that switches 
digital highways in PCM based switching systems; a ‘‘digital’’ 
crosspoint switch. 


Twist— The amplitude ratio of a pair of DTMF tones. (Because 
of transmission and equipment variations, a pair of tones that 
originated equal in amplitude may arrive with a considerable 
difference in amplitude.) 


Two wire circuit— Refers to the two wires connecting the 
central office to the subscriber's telephone. Commonly re- 
ferred to as Tip and Ring, the two wires carry both transmit 
and receive signals in a differential manner. 


UDLT— Universal Digital Loop Transceiver; a Motorola orig- 
inated name for a voice/data transceiver circuit. 


Voice frequency —A frequency within that part of the audio 
range that is used for the transmission of speech of commercial 
quality, i.e., 300-3400 Hz. 


Weighting network—A network whose loss varies with fre- 
quency in a predetermined manner. 
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Handling and Design Guidelines 


HANDLING PRECAUTIONS 


All MOS devices have an insulated gate that is subject to 
voltage breakdown. The gate oxide for Motorola’s devices is 
about 800 A thick and breaks down at a gate-source poten- 
tial of about 100 V. The high-impedance gates on the devices 
are protected by resistor-diode networks. However, these 
on-chip networks do not make the IC immune to elec- 
trostatic damage (ESD). Laboratory tests show that devices 
may fail after one very high voltage discharge. They may also 
fail due to the cumulative effect of several discharges of 
lower potential. 

Static-damaged devices behave in various ways, depend- 
ing on the severity of the damage. The most severely 
damaged are the easiest to detect because the input or out- 
put has been completely destroyed and is either shorted to 
Vpp. shorted to Vss, or open-circuited. The effect is that 
the device is no longer functional. Less severe cases are 
more difficult to detect because they appear as intermittent 
failures or degraded performance. Another effect of static 
damage is, often, increased leakage currents. 

CMOS and NMOS devices are not immune to large static 
voltage discharges that can be generated while handling. For 
example, static voltages generated by a person walking 
across a waxed floor have been measured in the 4-15 kV 
range (depending on humidity, surface conditions, etc.). 
Therefore, the following precautions should be observed. 


1. Do not exceed the Maximum Ratings specified by the 
data sheet. 

2. All unused device inputs should be connected to Vpp 
or VSS. | 

3. All low-impedance equipment (pulse generators, etc.) 
should be connected to CMOS or NMOS inputs only 
after the device is powered up. Similarly, this type of 
equipment should be disconnected before power is 
turned off. : 

4. Acircuit board containing CMOS or NMOS devices is 
merely an extension of the device and the same 
handling precautions appiy. Contacting edge conneéc- 
tors wired directly to devices can cause damage. 
Plastic wrapping should be avoided. When external 
connections to a PC board address pins of CMOS or 
NMOS integrated circuits, a resistor should be used in 
series with the inputs or outputs. The limiting factor 
for the series resistor is the added delay caused by the 
time constant formed by the series resistor and input 
Capacitance. This resistor will help limit accidental 
damage if the PC board is removed and brought into 
contact with static generating materials. For con- 
venience, equations for added propagation delay and 
rise time effects due to series resistance size are given 
in Figure 1. 

5. All CMOS or NMOS devices should be stored or 


FIGURE 1 — NETWORKS FOR MINIMIZING ESD AND REDUCING CMOS LATCH UP SUSCEPTIBILITY | 


To Off-Board 
Connection 


Advantage: Requires minimal board area 


Disadvantage: R1>R2 for the same level of 
protection, therefore rise and fall 
times, propagation delays, and output 
drives are severely affected. 


To Off-Board 
Connection 


Advantage: R2<R1 forthesame ==Vss 
level of protection. 
Impact on ac and dc 
characteristics is minimized. 


Disadvantage: More board area, higher initial cost 


Note: These networks are useful for protecting the following: 
A. digital inputs and outputs 
B. analog inputs and outputs 


C. 3-state outputs 


D. bidirectional (I/O) ports 


EQUATION 1 — PROPAGATION DELAY 
vs. SERIES RESISTANCE 


t 
——— 
Cek 


where: 

R =the maximum allowable series resistance in ohms 

t= the maximum tolerable propagation delay in seconds 

C= the board capacitance plus the driven device’s 
input Capacitance in farads 

k=0.33 for the MC145040/1 

k=0.7 for other devices 


EQUATION 2 — RISE TIME 
vs. SERIES RESISTANCE 


t 
R=———— 
Cek 
where: 
R =the maximum allowable series resistance in ohms 
t= the maximum rise time per data sheet in seconds 
C= the board capacitance plus the driven device's 
input capacitance in farads 
k=0.7 for the MC145040/ 1 
k=2.3 for other devices 
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10. 


L. 


12. 


transported in materials that are antistatic. Devices 
must not be inserted into conventional plastic 
“snow”, styrofoam or plastic trays, but should be left 
in their original container until ready for use. 


. All CMOS or NMOS devices should be placed on a 
- grounded bench surface and operators should ground 


themselves prior to handling devices, since a worker 
can.be statically charged with respect to the bench 
surface. Wrist straps in contact with skin are strongly 
recommended. See Figure 2. | 


. Nylon or other static generating materials should not 
-come in contact with CMOS or NMOS circuits. 
. If automatic handling is being used, high levels of 


Static electricity may be generated by the movement 
of devices, belts, or boards. Reduce static build-up by 
using ionized air blowers or room humidifiers. All parts 
of machines which come into contact with the top, 
bottom, and sides of IC packages must be grounded 
metal or other conductive material. 


. Cold chambers using CO? for cooling should be 


equipped with baffles, and devices must be contained 

on or in conductive material. 

When lead-straightening or hand-soldering is 

necessary, provide ground straps for the apparatus 

used and be sure that soldering ties are grounded. 

The following steps should be observed during wave 

solder operations. 

a. The solder pot and conductive conveyor system of 
the wave soldering machine must be grounded to 
an earth ground. 

b. The loading and unloading work benches should 
have conductive tops which are grounded to an 
earth ground. 

c. Operators must comply with precautions previously 
explained. 

d. Completed assemblies should be placed in an- 
tistatic Containers prior to being moved to subse- 
quent stations. 

The following steps should be observed during board 

cleaning operation. 

a. Vapor degreasers and baskets must be grounded to 


13. 


15. 


16. 


an earth ground. Operators must likewise be 
grounded. 

b. Brush or spray cleaning should not be used. 

c. Assemblies should be placed into the vapor 

_degreaser immediately upon removal from the anti- 
Static container. 

d. Cleaned assemblies should be placed in antistatic 
containers immediately after removal from the 
cleaning basket. . | 

e. High velocity air movement or application of 
solvents and coatings should be employed only 
when module circuits are grounded and a static 
eliminator is directed at the module. 

The use of static detection meters for line surveillance 

is highly recommended. 


. Equipment specifications should alert users to the 


presence of CMOS or NMOS devices and require 
familiarization with this specification prior to perform- 
ing any kind of maintenance or replacement of devices 
or modules. | 
Do not insert or remove CMOS or NMOS devices 
from test sockets with power applied. Check all power 
supplies to be used for testing devices to be certain 
there are no voltage transients present. 

Double check test equipment setup for proper polarity 
of voltage before conducting parametric or functional 
testing. 


. Do not recycle shipping rails. Continuous use causes 


deterioration of their antistatic coating. 


RECOMMENDED FOR READING 
“Total Control of the Static in Your Business” 
Available by writing to: 


Static Control Systems Div. 
Box ELB-3, 225-4S 

3M Center 

St. Paul, MN 55144 


Or calling: 


1-800-328-1368 
1-612-733-9420 (in Minnesota) 


FIGURE 2 — TYPICAL MANUFACTURING WORK STATION 


NOTES: 1. 1/16 inch conductive sheet stock covering bench top 


- work area. 
2. Ground strap. 
3. Wrist strap in contact with skin. 


4. Static neutralizer. (lonized air blower directed at work.) 


Primarily for use in areas where direct grounding 


is impractical. 


5. Room humidifier. Primarily for use in areas where the 
relative humidity is less than 45%. Caution: building 
heating and cooling systems usually dry the air causing 
the relative humidity inside of buildings to be less than 
outside humidity. . 
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CMOS LATCH UP 


Latch up will not be a problem for most designs, but the 
designer should be aware of it, what causes it, and how to 
prevent it. 

Figure 3 shows the layout of a typical CMOS inverter and 
Figure 4 shows the parasitic bipolar devices that are formed. 
The circuit formed by the parasitic transistors and resistors is 
the basic configuration of a silicon controlled rectifier, or 
SCR. In the latch-up condition, transistors Q1 and Q2 are 
turned on, each providing the base current necessary for the 
other to remain in saturation, thereby iatching the devices 
on. Unlike a conventional SCR, where the device is turned 
on by applying a voltage to the base of the NPN transistor, 
the parasitic SCR is turned on by applying a voltage to the 
emitter of either transistor. The two emitters that trigger the 
SCR are the same point, the CMOS output. Therefore, to 
latch up the CMOS device, the output voltage must be 
greater than Vpp +0.5 Vdc or less than — 0.5 Vdc and have 
sufficient current to trigger the SCR. The _ latch-up 
mechanism is similar for the inputs. 

Once a CMOS device is latched up, if the supply current is 
not limited, the device will be destroyed. Ways to prevent 
such occurrences are listed below. 


1. Insure that inputs and outputs are limited to the maxi- 
mum rated values, as follows: 


—0.5<Vjin=Vpp+0.5 Vdc referenced to VSs 


~-0.5<VoutsVpp + 0.5 Vde referenced to VsSs 


[lout] <= 10 mA when transients or dc levels exceed the 
supply voltages. 


. If voltage transients of sufficient energy to latch up the 


device are expected on the outputs, external protec- 
tion diodes can be used to clamp the voltage. Another 
method of protection is to use a series resistor to limit 
the expected worst case current to the Maximum 
Ratings values. See Figure 1. 


. If voltage transients are expected on the inputs, pro- 


tection diodes may be used to clamp the voltage or a 
series resistor may be used to limit the current to a 
level less than the maximum rating of li, = 10 mA. See 
Figure 1. 


. Sequence power supplies so that the inputs or outputs 


of CMOS devices are not powered up first (e.g., 
recessed edge connectors may be used in plug-in 
board applications and/or series resistors). 


. Power supply lines should be free of excessive noise. 


Care in board layout and filtering should be used. 


. Limit the available power supply current to the devices 


that are subject to latch-up conditions. This can be ac- 
complished with the power supply filtering network or 
with a current-limiting regulator. 


FIGURE 3 — CMOS WAFER CROSS SECTION 


P-Channel 


| i 


Output 


N—-— Substrate 


P-Channel 


Input 


Output N-Channel 


N-Channel 


EE, 


Field Oxide 


FIGURE 4 — LATCH UP CIRCUIT SCHEMATIC 


P-Channel Output Q1 


Vpp O 


VDp OC 


N— Substrate Resistance 


P— Well Resistance 


Q2 N-Channel Output 
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Quality in Manufacturing 


QUALITY IN DESIGN 


Motorola’s quality activity starts at the product design 
stage. It is its philosophy to ‘design in’ reliability. At all 
development points of any new design reliability orientated 
guidelines are continuously used to ensure that a thoroughly 
reliable part is ultimately produced. This is demonstrated by 
the excellent in-house reliability testing results obtained for 
all Motorola’s semiconductor products and, more impor- 
tantly. by our numerous customers. 


MATERIAL INCOMING CONTROLS 


Each vendor is supplied with a copy of the Motorola Pro- 
curement Specification which must be agreed in detail bet- 
ween both parties before any purchasing agreement is made. 
This is followed by a vendor appraisal report whereby each 
vendor's manufacturing facility is visited by Motorola Quality 
Engineers responsible for ensuring that the vendor has a well 
organized and adequately controlled manufacturing process 
capable of supplying the high quality material required to 
meet the Motorola Incoming Inspection Specification. Large 
investments have and are continuously being made and 
Quality Improvement programs developed with our main 
suppliers concerning: 


Masks — Silicon — Piece-parts — Chemical products — 
Industrial gas, etc. 

Each batch of material delivered to Motorola is quarantin- 
ed at Goods-in until the Incoming Quality Organization has 
subjected adequate samples to the incoming detailed inspec- 
tion specification. In the case of masks, this will include 
mask inspection for: 

1. Defect Density 

2. Intermask Alignment 

3. Mask Revision 

4. Device to Device Alignment 

5. Mask Type 

Silicon will undergo the following inspections: 

1. Type ‘’N” or “PP” 

2. Resistivity 

3. Resistivity Gradient 

4. Defects 

5. Physical Dimensions 

6. Dislocation Density 

Incoming chemicals are also controlled to very rigorous 
standards. Many are submitted to in-house chemical analysis 
where the supplier's conformance to specification is 


NEW PRODUCT TYPICAL DESIGN FLOW 


Package Process 
[Design _| 


Design 
Pattern Layout 


Engineering Sample 


Qualification 


Reliability 


Commercial Sample 


This basic design flow-chart omits 
some feedback loops for simplicity 


meticulously checked. In many cases, line tests are perform- 
ed before final acceptance. A major issue and responsibility 
for the Incoming Quality Department is to ensure that the 
most disciplined safety factors have been employed with 
regard to chemicals. Chemicals can and are often rejected 
because safety standards have not been deemed acceptable. 
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The Six Sigma 
Challenge 


Motorola’s expressed objective is the achievement of 
“error free performance” in products and services. The 
high quality level of the product-line outputs, followed by 
stringent outgoing quality control, readily assures this ob- 
jective. But error-free output from the production lines 
_ themselves is a matter that continues to demand full 
attention at all levels of production, design and administra- 
tion. This far more stringent requirement has a two-fold 
goal: 


1. To further improve ultimate product reliability— 
experience has proved that products designed for 
100% conformance to specifications are far less 
subject to field failure than products selected to a 
given level of performance. 

2. Toreduce waste—thereby making the end-product 
more cost competitive. 


Whether or not one-hundred percent perfection is con- 
sistently achievable remains subject to conjecture. 
Motorola’s already low reject rates, however, warrant a 
high level of confidence that the goal can be met, and mile- 
stones toward this objective have been firmly established. 
They call for a hundred-fold performance improvement in 
output by 1991, and a Six Sigma Capability by 1992. 

Six Sigma Capability—not yet zero defects, but 
99.9999998% perfection in both product and in cus- 
tomer services. 


Why Six Sigma? 


Each process attempts to reproduce its characteristics 
identically from unit to unit. Inherent in each process, 
however, there are variations in conditions.and in materials 
that are uncontrollable and unalterable. In all cases, there- 
fore, the unit-to-unit output characteristics vary somewhat 
from the ideal (design target). 

The performance of a product is determined by how 
much margin exists between the design specifications and 
the actual value of that specification. For some processes, 
such as those using real-time feedback to control the 
output, the variations can be quite small; for others they 
may be quite large. Many of the parametric data of a given 
specification tend to follow the normal distribution curve 
shown in Figure 1. 

Variation of the process is measured in Standard | 
Deviations (Sigma) from the Mean. The normal deviation, 
defined as process width, is +3 Sigma about the mean, 
representing a yield of 99.73%. But is +3 Sigma good 
enough as an overall specification? Statistically, with a +3 
sigma deviation, approximately 2700 parts per million still 
fall outside acceptable performance limits.Clearly, for a 
product to be built virtually defect free it must be designed 
with a component yield that is significantly better than +3 
Sigma. 


LSL 


SPECIFICATION 
RANGE 


USL 


a 0.001 ppm 


NOMINAL = 2 


+36 


+6 6 


0.001 ppm 


Figure 1. Standard distribution curve illustrates the Three Sigma and Six Sigma Parametric Conformance. 
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NORMAL DISTRIBUTION 


Lower CENTERED _ Upper 
Spec Spec 
Limit Limit 


6c -5c -Ac -36 -20 -16 XX 410420430440 450 +60 


SPEC LIMIT PERCENT DEFECTIVE PPM 
+1 SIGMA 68.27 317300 
+2 SIGMA 95.45 45500 
+3 SIGMA 99.73 2700 
+ 4 SIGMA 99.9937 63 
+5 SIGMA 99.999943 0.57 
+ 6 SIGMA 99.9999998 .002 


Figure 2. With a Centered Distribution Between Six-Sigma Limits Only 
2 Devices Per Billion Fail to Meet the Specification Target. 


The Six Sigma Latitude 


Product yield is a factor of two variables: Process width 
and design width. If a process is adequately controlled so 
that its output is +3 Sigma, and if the product is so well 
designed that +3 Sigma deviations still place the products 
well within the specified design limits, then the overall yield 
is increased. . 

The table in Figure 2 shows that a design which can 
accept twice the normal +3 Sigma variation of the process 
(design width = +6 Sigma)) will have a product yield of 
99.9999998%, corresponding to 2.0 defective parts per 
billion. Even if the process mean were to shift by as much 
as +1.5 Sigma from the center of the distribution, the 
process would be expected to have no more than 3.4 parts 
per million defective. 

It is Motorola’s goal to achieve +6 Sigma capability in 
product design, manufacturing, sales and services by 
1992. 


—s- 


NORMAL DISTRIBUTION 
SHIFTED 1.56 


Lower 
Spec 


Upper 
Spec 
Limit 


-66 -50 -40 -36 -20 -16. X +10 +20 +30 +460 +50 +60 


SPEC LIMIT PERCENT DEFECTIVE PPM 
+1 SIGMA 30.23 697700 
+ 2 SIGMA 69.13 308700 
+3 SIGMA 93.32 66810 
+4 SIGMA 99.3790 6210 
+ § SIGMA 99.97670 233 
+ 6 SIGMA 99.999660 3.4 


Figure 2a. Effects of a 1.5 Sigma Shift Where Only 3.4 ppm Fail to Meet 
Specification. 


The Motorola 
SPC Program 


* Purpose * Objective * Scope 


The Purpose of this program is to establish a standard 
approach toward continued process improvement through 
statistical process control. 


Its Objective is to maintain all critical processes under 
tight statistical control in order to enhance quality and 
reduce scrap through identification of process variation, 
and through the reduction of these variations by means of 
real time corrective action. It is expected to establish the 
cultural environment and the organizational support re- 
quired to achieve the Six-Sigma goal. 


Its Scope encompasses a total quality improvement 
effort, involving design, manufacturing and management 
of all Motorola product groups and their suppliers as well as 
their support departments and vendors. It provides for the 
establishment of SPC teams and ensures adequate train- 
ing . It serves as a liaison between teams in order to stan- 
dardize and unify the approach to continuous quality im- 
provement. 
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Continuous Improvement 


1. Plan . 
* Goals and Targets 
* Success Parameter 
Identify Key Opportunities 
Identify Key Processes 
¢ Improvement Plan 
* Select Project/Team 


4. Action 
* Correction to 
Implementation 
* Permanency to 
Improvement 
¢ Standardization 
* Customer Research 
* Bench Mark 
* Redesign 


2. Do 
¢ Education and Training 
* Implement 


3. Check 
¢ Measure Improvement 
- Assess Effectiveness 

* Review Projects 


Key Factors for Success 


_+* Management Leadership * Breakthrough Thinking 


Top Down | * Project/Teamwork 
Committed * Training | 
Active . * Reinforcing Successes 


¢ Clear & Agreed-On Goals 
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Verification of Statistical Process Control 


Statistical process control programs have two specific 
functions: 


1. as a monitor, to verify that a specific process is under 
control, or to indicate that a process is not in control 
based on interpretation of control-chart abnormalities 
or other indicators; 

. aS a quality improvement tool, for the purpose of im- 
proving process capability. 


i) 


In either case, documentation must be available that 
permits the utilization, verification and interpretation of 
process control data, or if necessary, to implement new 
programs for process improvement. 


Evidence of Process Capability 

Capability indices must be established for each critical 
process and there must be evidence that the upper and 
lower specification limits are realistic and not arbitrary. The 
present goal is ©, 22.0 andC,, 2 1.5. 

Evidence of a process capability study must be on file. 
Depending on the level of sophistication, the study may 
include a factorial experiment, a nested variance study, 
summation of the results and recommendation for further 
action. The selection of critical process points must be 
justified. 


Measurement System Capability 

Results of measurement system capability study must be 
on file. Precision-to-Tolerance (P/T) ratio should be less 
than 0.10. 


Process Control Specifications 

Process specifications must include procedures to be 
followed in the event of a process requiring corrective 
action. 


Operator Training 

The operators are normally the first to see the control 
charts. Incorrect interpretation will cause unnecessary and 
time Consuming investigations or delay needed studies. 
Consequently, operator training is a vital function and 
documented operator certification must be on file. 


Control Chart Accuracy and Visibility 

Control charts must be current and and readily available. 
They shall be maintained by the production operators and 
upper and lower control limits must be calculated accord- 
ing to historical data. 


Control Chart Tracking 

Control charts must be tracked continuously. All out-of- 
control points must be highlighted and the appropriate cor- 
rective action described either on the chart or ina compan- 
ion log. The objective is to view the trend, not simply to 
obtain a snapshot-in-time. 


Supplier/Customer Relationships 


Customers have no desire to control a supplier’s 
process. Nor are they interested in the confidential details 
of asupplier’s processes. They only want assurance (data) 
that a supplier has an ongoing program that supports an 
overall statistical process control plan. Primarily, 
Motorola’s customers are interested in a supplier’s statis- 
tical contro! of the critical processes, and his early warning 
system which keeps a process from becoming marginal. 
Most importantly, they are interested in what is being done 
for continuous improvement. 


What We Offer Our Customers 

It has been adequately demonstrated that a well 
monitored and controlled manufacturing process with 
minimum variations will produce a better, more useful and 
more reliable product at a reduced cost. In many instances, 
customer satisfaction now hinges not so much on a 
product's ability to meet specifications as on a 
manufacturer's ability to control his processes as evi- 
denced by reduced variability. This is used as an indicator 
of both product quality and projected costs. Motorola 
provides detailed data and inferential statistics that allow 
customers to make decisions about the product they buy. 
In many instances, we provide a customer access to our 
computer data banks in order to improve communications 
and reduce turnaround time for product approval. 


What We Expect From Our Suppliers 

Improved quality of incoming material is crucial to 
success in achieving our Six Sigma goals. In order to 
accomplish this goal, we feel it necessary to reduce the 
number of suppliers and to work closely with those remain- 
ing as partners to resolve quality issues. 

It is the responsibility of Motorola Supplier Quality 
Control to ensure that all suppliers maintain an adequate 
system of process and material controls which provides for 
prevention (as opposed to detection) of defects in their 
manufacturing processes. This includes, but is not limited 
to, the following: 


* General plan for continuous improvement 

¢ Detailed product flow 

¢ Process control plan 

¢ Equipment and process capability studies 

« Measurement system capabilty studies 

* Specific action plan for out-of-control conditions 


* Evidence of statistical process control 
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Mechanical Data 
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MECHANICAL DATA 


The package availability for each device is indicated on the front page of the individual data sheets. 
Dimensions for the packages are given in this chapter. 


8-PIN PACKAGES 
nh MN A PLASTIC PACKAGE 
8 | CASE 626-04 
| 
1 

ir 


hall 


NOTE 4 


[ MILLIMETERS | INCHES | 

oot Ce ee 

| A_| 940 | 10.16 | 0370 
| 6.10 | 6.60 | | 0,260 | 


F PA 
L , 
| NOTES: 
JA JA 1. LEAD POSITIONAL TOLERANCE: 
x f |e 0.13 (0.005) ®| T] A@| B@| 

2. DIMENSION L TO CENTER OF LEADS WHEN 

FORMED PARALLEL. 
| | aa. zai ae 3. PACKAGE CONTOUR OPTIONAL (ROUND OR 

H G SQUARE CORNERS). 


4. DIMENSIONS A AND B ARE DATUMS. 
5. DIMENSIONING AND TOLERANCING PER ANSI 
Y14.5M, 1982. 


PLASTIC PACKAGE 
CASE 626-05 


NOTE 4 


NOTES: 
1. LEAD POSITIGNAL TOLERANCE: 


2. DIMENSION L TO CENTER OF LEADS WHEN 
FORMED PARALLEL. 
3. PACKAGE CONTOUR OPTIONAL (ROUND OR 
SQUARE CORNERS). 
4. DIMENSIONS A AND B ARE DATUMS. 
. DIMENSIONING AND TOLERANCING PER 
ANSI Y14.5M, 1982. 


an 
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MECHANICAL DATA (Continued) 


8-PIN PACKAGES (Continued) 


SO PACKAGE [ MILLIMETERS [| INCHES | 
CASE 751-03 | MIN | MAX | 


P 


(+ | 6.25 (0.010) @)}B | 


ce) Bett tem £ A _ 
PLANE J 
D->| |< ‘ Xm sit Le 1. DIMENSIONS “A” AND “B” ARE DATUMS AND 
4 | 0.25 (0.010) @[T/B @[Aa | “T"" IS A DATUM SURFACE. 
ari 2. DIMENSIONING AND TOLERANCING PER ANS! 
Y14.5M, 1982. 


CONTROLLING DIM: MILLIMETER. 

_ DIMENSION “A” AND “B” DO NOT INCLUDE 
MOLD PROTRUSION. 
MAXIMUM MOLD PROTRUSION 0.15 (0.006) PER 
SIDE. 


Pw 


or 
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MECHANICAL DATA (Continued) 


——— 14-PIN PACKAGES — 


PLASTIC PACKAGE 
CASE 646-06 


NOTES: : 

1. LEADS WITHIN 0.13 mm (0.005) RADIUS OF TRUE 
POSITION AT SEATING PLANE AT MAXIMUM 
MATERIAL CONDITION. 

2. DIMENSION “L” TO CENTER OF LEADS WHEN 
FORMED PARALLEL. 

3. DIMENSION “B” DOES NOT INCLUDE MOLD 
FLASH. 

4, ROUNDED CORNERS OPTIONAL. 


CERAMIC PACKAGE 
| | CASE 632-08 
P34 es es eS 


i" NOTES: 
i 1. DIMENSIONING AND TOLERANCING PER ANSI 
Y14.5M, 1982. 
a 2. CONTROLLING DIMENSION: INCH. 
. 3. DIMENSION L TO CENTER OF LEAD WHEN 
lads FORMED PARALLEL. 
4, DIM F MAY NARROW TO 0.76 (0.030) WHERE THE 


LEAD ENTERS THE CERAMIC BODY. 
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MECHANICAL DATA (Continued) 


14-PIN PACKAGES (Continued) 


SO PACKAGE 
CASE 751A-02 


ER 


ioe) 
~~ 
on 


— 
~~ 


| MIN | 
| 8.55 _| 
1.35 | 
| 0.35 _| 
| 0.40 _| 


— 
RN 
~ 
wo 
n 
Q 


x 
x< 
> 
ai 
fo} 
S 
T=) 
° 


ud 
D | = x PLANE Ler a. ag pS J NOTES: 


1. DIMENSIONS A AND B ARE DATUMS AND TIS A 
DATUM SURFACE. 
2. DIMENSIONING AND TOLERANCING PER ANSI 
Y14.5M, 1982. 
. CONTROLLING DIMENSION: MILLIMETER. 
. DIMENSION A AND B DO NOT INCLUDE MOLD 
PROTRUSION. 
. MAXIMUM MOLD PROTRUSION 0.15 (0.006) 
PER SIDE. 


> Ww 


or 
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MECHANICAL DATA (Continued) 


16-PIN PACKAGES 


MILLIMETERS 


PLASTIC PACKAGE 
hAnArALAAD CASe re 


7 

go 

co 

7 S 
~ 
~ 


| A | 
| BL 
| C_| 
| Dd | 
red 
|G | 254BSC 
| H | 1.27BSC__| 
| K | 
| M_| 
| S| 


red sd ea 
Sisls} 
chike 
~~ 
> 


NOTES: 
1. DIMENSIONING AND TOLERANCING PER 
ANSI Y14.5M, 1982. 

. CONTROLLING DIMENSION: INCH. 

. DIMENSION “L” TO CENTER OF LEADS WHEN 
FORMED PARALLEL. 

. DIMENSION “B” DOES NOT INCLUDE MOLD 
FLASH. 

. ROUNDED CORNERS OPTIONAL. 


W Rh 


[40.25 (0.010) @ [tT] a @] 


> 


on 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


7-6 


MECHANICAL DATA (Continued) 


16-PIN PACKAGES (Continued) 


CERAMIC PACKAGE 


CASE 620-09 


NOTES: 
Y14.5M, 1982. 
2. CONTROLLING DIMENSION: INCH. 


a 
3, DIMENSION L TO CENTER OF LEAD WHEN 


1, DIMENSIONING AND TOLERANCING PER ANSI 


T- 

SEATING K | 

PLANE a 
M 
J 16 PL 
0.25 (0.010) @ FORMED PARALLEL. 
4, DIM F MAY NARROW TO 0.76 (0.030) WHERE THE 
LEAD ENTERS THE CERAMIC BODY. 


F 
D 16 PL 


CERAMIC PACKAGE 
CASE 620-10 


NOTES: 
Y14.5M, 1982. 
2. CONTROLLING DIMENSION: INCH. 


1. DIMENSIONING AND TOLERANCING PER ANSI 
3. DIMENSION L TO CENTER OF LEAD WHEN 


a 


aT. 
SEATING K | 
U] 
iu 
M 
J 16 PL 
0.25 (0.010) ® FORMED PARALLEL. 
4. DIM F MAY NARROW TO 0.76 (0.030) WHERE THE 
LEAD ENTERS THE CERAMIC BODY. 


PLANE 
E 
F G 
D 16 PL 
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MECHANICAL DATA (Continued) 


SO PACKAGE 
CASE 751B-03 


CASE 751G-01 


re | 


[-B-] P 0.25 (0.010) @] B®) 


an 


(-+| 0.25 (0.010) ®[ T]B OIA © 


16-PIN PACKAGES (Continued) 


' $O PACKAGE 


> 
nn 
So 
ow 
LS |WMis 
5 3 


o\o 
ole 
2\$ 

(=) 
olo 
~~ io 
HS !8 
|e 


NOTES: 


> 


on 


1. DIMENSIONS A AND B ARE DATUMS AND TIS A 
DATUM SURFACE. 


2. DIMENSIONING AND TOLERANCING PER ANSI 


Y14.5M, 1982. 


3. CONTROLLING DIMENSION: MILLIMETER. 


. DIMENSION A AND B DO NOT INCLUDE MOLD 
PROTRUSION. 

. MAXIMUM MOLD PROTRUSION 0.15 (0.006) 
PER SIDE. 


NOTES: 


= 


RO 


> Ww 


or 


. DIMENSIONS A AND B ARE DATUMS AND TIS A 


DATUM SURFACE. 


. DIMENSIONING AND TOLERANCING PER ANSI 


Y14.5M, 1982. 


. CONTROLLING DIMENSION: MILLIMETER. 
. DIMENSION A AND B DO NOT INCLUDE MOLD 


PROTRUSION. 


. MAXIMUM MOLD PROTRUSION 0.15 (0.006) 


PER SIDE. 
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MECHANICAL DATA (Continued) 


18-PIN PACKAGES 


PLASTIC PACKAGE 


CASE 707-02 fe MILLIMETERS] INCHES | 
| MIN | MIN | 


L - 
NOTES: 


1. POSITIONAL TOLERANCE OF LEADS (D), 
SHALL BE WITHIN 0.25mm(0.010) AT 
MAXIMUM MATERIAL CONDITION, IN 
RELATION TO SEATING PLANE AND 

| EACH OTHER. 

{Ly Jo 2. DIMENSION L TO CENTER OF LEADS 

WHEN FORMED PARALLEL. 
3. DIMENSION B DOES NOT INCLUDE 

MOLD FLASH. 


CERAMIC PACKAGE 
CASE 726-04 


| MILLIMETERS | INCHES | 
| MIN | MAX | MIN | MAX 
| A | 22.35 | 23.11 | 0.880 | 0.910 | 
| B | 610 | 7.49 | 0.240 | 0.295 | 
| — | 0.200 | 


OPTIONAL LEAD 
CONAG. (1,9, 10,18) 


Qo 
—- 
oS 
So 
les] 
NiO 
Om 
~J 
So 


Oo 
ee 
~~ 
So 


8 = 
oo wo 
QM ” 
SS 
fos) 
56 
(=) 
Q 
co 


5 = 
w 
S 
oO 
ao 
wn 
oO 


0.040 


NOTES: 
1. LEADS, TRUE POSITIONED WITHIN 0.25 mm 
oa J 2 (0.010) DIA. AT SEATING PLANE, AT MAXIMUM 
MATERIAL CONDITION. 
_ 2. DIM “L" TO CENTER OF LEADS WHEN FORMED 

PARALLEL. 8 

3. DIM “A” & “B" INCLUDES MENISCUS. 

4. “F’ DIMENSION IS.FOR FULL LEADS. “HALF” 
LEADS ARE OPTIONAL AT LEAD POSITIONS 1, 9, 
10, AND 18. 
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MECHANICAL DATA (Continued) 


20-PIN PACKAGES 


MILLIMETERS | INCHES | 
| MIN | MAX | MIN | MAX | 
Ta | 25.66 | 27.17 | 1.010 | 1.070 | 


| CAC] PLASTIC PACKAGE 
Cas Se _{ CASE 738-03 
lhe WS athe eile adh WO eden WS cs WS eho WS clin is 


C 


NOTES: | 
20 PL 
2 +/ 0.25 (0.010) ® 1. DIMENSIONING AND TOLERANCING PER ANSI 
0.25 (0.010) ® ¥14.5M, 1982. | 


2. CONTROLLING DIMENSION: INCH. 

3, DIMENSION “L” TO CENTER OF LEAD WHEN 
FORMED PARALLEL. 

4, DIMENSION “B” DOES NOT INCLUDE MOLD 
FLASH. 


CERAMIC PACKAGE 
CASE 732-03 


NOTES: 

1. LEADS WITHIN 0.25 mm (0.010) DIA., TRUE 
POSITION AT SEATING PLANE, AT MAXIMUM | 
MATERIAL CONDITION. 

2. DIM L TO CENTER OF LEADS WHEN FORMED 
PARALLEL. 

3. DIM A AND B INCLUDES MENISCUS. 


eae 
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MECHANICAL DATA (Continued) 


20-PIN PACKAGES (Continued) 


SO PACKAGE 
CASE 751D-03 


-B-] P [+] 6.25 (0.010) @[B ®& 
10 PL 


iss 


NOTES: 
1. DIMENSIONS A AND B ARE DATUMS AND TIS A 
DATUM SURFACE. , 
T[B OIA 
Ea 0.25 (0.010) ® Tle Ola ©) 2. DIMENSIONING AND TOLERANCING PER ANSI 
Y14.5M, 1982. 


3. CONTROLLING DIMENSION: MILLIMETER. 

4, DIMENSION A AND B DO NOT INCLUDE MOLD 
PROTRUSION. 

. MAXIMUM MOLD PROTRUSION 0.15 (0.006) 
PER SIDE. 


ot 
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MECHANICAL DATA (Continued) 


20-PIN PACKAGES (Continued) ——— 


PLCC PACKAGE 
CASE 775-02 


B [4+(0.18 (0.007) ® [tT] NO-PO|LOu® 
U N@-PO|LOMO® 


Y BRK 


J 


AR 


I 


iit 


al 
(al 


G1 
x 
A VIEW D-D | | 


+}0.18 (0007) © |T] LOMO] NO-rO© H eeTO 
K1 
K 
| 010 (0.004) 
y Ff somenme on oe 


eee DETAIL S 


| MILLIMETERS | INCHES | 

| MIN | MAX | MIN | MAX | 
| A | 978 | 10.03 | 0.385 | 0.395 | 
| B | 978 | 10.03 | 0.385 | 0.395 | 
| 0.165 | 0.180 _ 


NOTES: 

1. DATUMS -L-, -M-, -N-, AND -P- DETERMINED 
WHERE TOP OF LEAD SHOULDER EXIT PLASTIC 
BODY AT MOLD PARTING LINE. 

2. DIM Gi, TRUE POSTION TO BE MEASURED AT 
DATUM -T-, SEATING PLANE. 

3. DIM R AND U DO NOT INCLUDE MOLD 
PROTRUSION. ALLOWABLE MOLD PROTRUSION 
IS 0.25 (0.010) PER SIDE. 

4, DIMENSIONING AND TOLERANCING PER ANSI 
Y14.5M, 1982. 

5. CONTROLLING DIMENSION: INCH. 
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MECHANICAL DATA (Continued) 


22-PIN PACKAGES 


my PMiuumMeTERS[___INCHES 
| MIN | MAX | MIN | MAX | 
| A | 27.56 | 26.32 | 1.085 | 1.115 | 
| B | 8.64 | | 0.340 | 0.360_| 


PLASTIC PACKAGE 


CASE 708-04 


12 


L 


NOTES: 
1. POSITIONAL TOLERANCE OF LEADS (D), SHALL BE 
WITHIN 0.25 mm (0.010) AT MAXIMUM MATERIAL 


——- A es 
1s 
7 ; \l 
fa Fo -elhep yh tiem CONDITION, IN RELATION TO SEATING PLANE 
AND EACH OTHER. 
2. DIMENSION L TO CENTER OF LEADS WHEN 
FORMED PARALLEL 

3, DIMENSION B DOES NOT INCLUDE MOLD FLASH. 


MILLIMETERS | INCHES | 
| MIN | MAX | 


CERAMIC PACKAGE 


CASE 736-05 


OPTIONAL LEAD 


CONFIGURATION 


NOTES: 


‘ 1 
ie Y14.5M, 1982. 
M 2. CONTROLLING DIMENSION: INCH. 
3, DIMENSION L TO CENTER OF LEAD WHEN 
FORMED PARALLEL, 
DIMENSION F FOR FULL LEADS. HALF LEADS 


OPTIONAL AT LEAD POSITIONS 1, 11, 12, AND 22. 
DIM F MAY NARROW TO 0.76 (0.030) WHERE THE 


. LEAD ENTERS THE CERAMIC BODY. 


DIMENSIONING AND TOLERANCING PER ANSI 


on 


J 22 PL 
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MECHANICAL DATA (Continued) 


24-PIN PACKAGES 


PLASTIC PACKAGE 
CASE 709-02 


Pee Lal PLASTIC PACKAGE 
ee eee ee ee CASE 724-03 


= __ ET et 1h 


: 


L 247 


NOTES: 

1. POSITIONAL TOLERANCE OF LEADS (D), 
SHALL BE WITHIN 0.25 mm (0.010) AT 
MAXIMUM MATERIAL CONDITION, IN 
RELATION TO SEATING PLANE AND 
EACH OTHER. 

2. DIMENSION L TO CENTER OF LEADS 
WHEN FORMED PARALLEL. 

3. DIMENSION B DOES NOT INCLUDE MOLD 
FLASH. 


mee 


S| 
— IND 
lS 
als 


| 0.015 | 0.020 | 
0.050 BSC 
0.040 | 0. 


Oo 
Jes 
WO ;~ 
oS 
fom] 

[es] 
(op) 
le) 


0.040 


NOTES: 
1. CHAMFERRED CONTOUR OPTIONAL. 
2. DIM “L” TO CENTER OF LEADS WHEN FORMED 
PARALLEL. 
3. DIMENSIONS AND TOLERANCES PER ANS! 
Y14.5M, 1982. 
4. CONTROLLING DIMENSION: INCH. 
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MECHANICAL DATA (Continued) 


24-PIN PACKAGES (Continued) 


CERAMIC PACKAGE fault IMETERS| _ INCHES 


| ox s1or a 
B Ce Teas Teas Dee a 


24 13 CASE 623-05 


c | 4.06 | 559 | 0.160 | 0.220 | 
| 0.020 | 


SEATING PLANE 


NOTES: 

1. DIM “L” TO CENTER OF 
LEADS WHEN FORMED 
PARALLEL. 

2. LEADS WITHIN 0.13 mm 
(0.005) RADIUS OF TRUE 
POSITION AT SEATING PLANE 
AT MAXIMUM MATERIAL 
CONDITION. (WHEN FORMED 
PARALLEL). 


SO PACKAGE | MILLIMETERS | INCHES 
CASE 751E-03 [MN | MAX [MIN 


rT | 
ce ET 
la 


| NOTES: 
= 1. DIMENSIONS A AND B ARE DATUMS AND TIS A 
_ lp ar | | ‘ | Lt r DATUM SURFACE. 
K F 2. DIMENSIONING AND TOLERANCING PER ANSI 
| +] 0.25 (0.010) @| T/B ©JA ©) Y14.5M, 1982. 


3. CONTROLLING DIMENSION: MILLIMETER. 

4. DIMENSION A AND B DO NOT INCLUDE MOLD 
PROTRUSION. 

. MAXIMUM MOLD PROTRUSION 0.15 (0.006) 
PER SIDE. 


on 
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MECHANICAL DATA (Continued) 


—— 28-PIN PACKAGES 


PLASTIC. PACKAGE 
CASE 710-02 


Etieen ME 7 owe 
ie 


SEATING 
PLANE 


F NOTES: : . 


1. POSITIONAL TOLERANCE OF LEADS (D), SHALL BE 
WITHIN 0.25mm(0.010) AT MAXIMUM MATERIAL 
CONDITION, IN RELATION TO SEATING PLANE 
AND EACH OTHER. 

2. DIMENSION L TO CENTER OF LEADS WHEN 
FORMED PARALLEL. 

3. DIMENSION B DOES NOT INCLUDE MOLD FLASH. 


SO PACKAGE 
CASE 751F-03 


| 14 PL 


ams fh | NOTES: 
FUE == 1. DIMENSIONS A AND B ARE DATUMS AND TIS A 
+ DATUM SURFACE. 
D 28 PL Lo | " F J 2. DIMENSIONING AND TOLERANCING PER ANSI 


. Y14.5M, 1982. 
| +1 0.25 (0.010) @| T1B OIA O| | 3. CONTROLLING DIMENSION: MILLIMETER. 
| | 4, DIMENSION A AND B DO NOT INCLUDE MOLD 
PROTRUSION. | 
5. MAXIMUM MOLD PROTRUSION 0.15 (0.006) 
PER SIDE. 
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MECHANICAL DATA (Continued) 


28-PIN PACKAGES (Continued) 


PLCC PACKAGE 


CASE 776-02 
—y pin} BRK 7B [40180007 © [tT] NOPO|LOu® 


U LO-m© 


NOTE 1 


J 
\ 


if 


ACTUAL 


AAA 


al 
UU 


G1 
e NOPO|LOMO) 
A SNS) mano 


R [4]0.18 (0.007) @ | P LOM @|NO-PO 
Se 


K1 


yt K 
i ‘ SEATING PLANE | i bee 


DETAIL S 


| MILLIMETERS | INCHES 
| MIN | MAX | MIN | MAX | 
| A_| 12.32 | 1257 | 0.485 | 0.495 _| 
| B | 1232 | 1257 | 0.485 | 0.495 _| 
| ¢ | 420 | 457 | 0.165 | 0.180_| 


NOTES: 

1. DUE TO SPACE LIMITATION, CASE 
776-02 SHALL BE REPRESENTED BY A 
GENERAL (SMALLER) CASE OUTLINE 
DRAWING RATHER THAN SHOWING 
ALL 28 LEADS. 
DATUMS -L-, -M-, -N-, AND -P- DETERMINED 
WHERE TOP OF LEAD SHOULDER EXIT PLASTIC 
BODY AT MOLD PARTING LINE. 

DIM G1, TRUE POSITION TO BE MEASURED AT 
DATUM -T-, SEATING PLANE. 

DIM R AND U DO NOT INCLUDE MOLD 
PROTRUSION. ALLOWABLE MOLD PROTRUSION 
IS 0.25 (0.010) PER SIDE. 

DIMENSIONING AND TOLERANCING PER ANSI 
Y14.5M, 1982. 

CONTROLLING DIMENSION: INCH. 


ad 


w 


> 


on 


o 
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MECHANICAL DATA (Continued) 


40-PIN PACKAGE 


PLASTIC PACKAGE 
CASE 711-03 


oy —MLLMETERS | _ INCHES _| 

| MAX | MIN | MAX | 
Dette | A a 

a . 
| 0.155 | 0.200 | 


Poe 


ht >| kee os rep Toe NOTES: 


SEATING 1. POSITIONAL TOLERANCE OF LEADS (D), SHALL BE 
PLANE WITHIN 0.25 mm (0.010) AT MAXIMUM MATERIAL 
CONDITION, IN RELATION TO SEATING PLANE 
AND EACH OTHER. 
2. DIMENSION L TO CENTER OF LEADS WHEN 
FORMED PARALLEL. 
3. DIMENSION B DOES NOT INCLUDE MOLD FLASH. 


MOTOROLA TELECOMMUNICATIONS DEVICE DATA 


7-18 


MECHANICAL DATA (Continued) 


44-LEAD PACKAGE 


PLCC PACKAGE 
CASE 777-02 


ver = 
u 


NOTE 1 


G1 


2 


¥[oreicon © [1 [LOG n-rG 


mae NONTONOMTO 


| A | 17.40 | 17.65 | 

| B | 17.40 | 17.65 | 

| Cc | 420 | 457 | 0.165 | 0.180 | 

| E | 229 | 279 | 0.090 | 0.110 | NOTES: 

| F | 033 | 048 | 0.013 | 0.019 | 1. DUE TO SPACE LIMITATION, CASE 

| G {| 127BSC | 0.050BSC_ | 777-02 SHALL BE REPRESENTED BY A 
| H | 0.66 | 081 | 0.026 | 0.032 | GENERAL (SMALLER) CASE OUTLINE 
ho 4 051 | 1 00002). a 4 DRAWING RATHER THAN SHOWING 
YK | 064 | — | 005 | — | ALL 44 LEADS. | 
| R | 1651 | 16.66 | 0.650 | 0.656 | 2. DATUMS -L-, -M-, -N-, AND -P- DETERMINED 

| u | 1651 | 1666 | 0.650 | 0.656 | WHERE TOP OF LEAD SHOULDER EXIT PLASTIC 
| ve {| 107 | 1.21 | 0.042 | 0.048 | BODY AT MOLD PARTING LINE. 

| we] 107 | 1.21 | 0.042 | 0.048 | 3. DIM G1, TRUE POSITION TO BE MEASURED AT 

| x | 107 | 1.42 | 0.042 | 0.056 | DATUM -T-, SEATING PLANE. 

Py | — | 050 [ — | 0.020, 4. DIM R AND U DO NOT INCLUDE MOLD 
r2n SE 2 ae aS PROTRUSION. ALLOWABLE MOLD PROTRUSION 
| G1_| 15.50 | 16.00 | 0.610 | 0.630 | IS 0.25 (0.010) PER SIDE. 

| Ki | 102 | — | 004 | — | 5. DIMENSIONING AND TOLERANCING PER ANSI 
oe 0 Y14.5M, 1982. 


. CONTROLLING DIMENSION: INCH. 


fo >) 
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